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Abstract

In the neural network era, sequence modeling frameworks for speech-to-text processing conven-
tionally operate by directly mapping a spoken input to a single textual output sequence. On the
canonical task of transcribing monolingual speech, these types of systems have already achieved
human-like accuracy on highly resourced languages. However, this single-sequence paradigm is
fundamentally limited when it comes to more multilingual speech processing tasks that necessitate
modeling multiple textual sequences from a single spoken input.

This thesis explores two sub-types of multi-sequence modeling: (1) parallel, where multiple
plausible textual sequences are considered jointly and (2) sequential, where multiple textual se-
quences are produced in a conditional chain.

Parallel multi-sequence modeling is required for a class of problems where speech-to-text map-
pings are dependent on a classification task. We start from multilingual speech recognition in the
wild, where spoken language identity is unknown and to be predicted by the system. We then
move to address the scenario that spoken language identity is variable within an utterance, as in
code-switched speech produced by bilingual speakers.

Sequential multi-sequence modeling is required for a class of problems where the overall task
consists of multiple sub-tasks, such as speech translation which consists of speech recognition
and machine translation. We start from the offline speech translation setting, where systems pro-
cess pre-recorded speech. We then move to address the streaming setting, where transcript and
translation texts are output with low latency while speech is still being continuously produced.

The techniques developed in this thesis are first validated by building dedicated systems for
particular use cases, including nuanced areas of human language such as bilingualism and dialectal
diglossia. We then propose to apply these techniques to adapt existing large-scale foundation
models for more effective processing of massively multilingual speech.
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Chapter 1

Introduction

1.1 Background and Motivation

The Big Picture

Speech processing applications are evolving, becoming increasingly multilingual year over year.
On one axis, systems are becoming wider in their language coverage, progressing from a handful
of languages to hundreds and thousands of languages (Radford et al., 2023; Pratap et al., 2024; Li
et al., 2022b). This is often achieved within a single system, commonly referred to as foundation
models (Bommasani et al., 2021), which are general purpose models trained on large quantities of
diverse data across many languages. These systems are also becoming wider in the sense that they
are performing multiple tasks; rather than just performing transcription in the source language,
there is a progression towards performing transcription as well as translation (Radford et al., 2023;
Rubenstein et al., 2023; Seamless Communication, 2023).

On the second axis, systems are also becoming deeper in their language coverage. Rather
than only broadly covering the standard forms of languages, dedicated systems are supporting
increasingly specific linguistic communities. For instance, there are efforts towards increasing the
coverage of the nuances of human language, such as regional dialects (Agarwal et al., 2023) and
code-switching between languages (Shi et al., 2020; Diwan et al., 2021a).

This thesis explores the underlying sequence modeling frameworks for multilingual speech
processing tasks. The canonical monolingual sequence modeling approach in the neural network
era is a single sequence prediction paradigm: a single sequence input (speech) yields a single se-
quence output (text). The popular neural network frameworks, such as the Attentional Encoder
Decoder (AED) (Chan et al., 2016), Connectionist Temporal Classification (CTC) (Graves et al.,
2006), and Transducer (Graves, 2012a) all generally operate in this manner. However, as applica-
tions become increasingly multilingual systems also have taken on additional requirements which
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necessitate modifications to this single sequence prediction status quo.
We focus on two particular items: 1) systems now need to determine what language is being

spoken and 2) systems now have to perform both transcription and translation.

Motivation: Beyond Single-Sequence Modeling

Modern speech recognition systems are built around a single-sequence paradigm: a speech signal is
mapped directly to a single textual output. This formulation underlies widely used approaches such
as CTC, encoder-decoder, and transducer models, and has been highly effective in monolingual
settings. In multilingual speech, however, this formulation becomes limiting. The language of the
input is not known a priori and must be inferred from the signal itself. At the same time, speech
recognition is inherently streaming and causal: the model processes audio incrementally and must
make predictions before the full utterance is observed.

This leads to a mismatch: the model must make decisions about language and interpretation
from partial input, even when the evidence is not yet sufficient. Therefore, we consider:

• Language identification and recognition are entangled (massively multilingual speech).
In large-scale multilingual settings (e.g., 100+ languages), the language of the input is not
known and must be inferred jointly with recognition. Standard approaches rely on a sin-
gle predicted language, but errors in this prediction directly affect the decoded text. In our
massively multilingual experiments, we observe that this early commitment limits the ef-
fectiveness of language-conditioned models. This motivates maintaining multiple language-
conditioned hypotheses in parallel, rather than committing to a single language upfront (Part
I).

• Language varies over time (code-switching). In code-switched speech, the language is not
fixed but changes within an utterance. This occurs both in intra-sentential switching (within
a sentence) and inter-sentential switching (across utterances). While inter-sentential switch-
ing can often be handled by segmenting and applying standard multilingual LID + ASR
pipelines, intra-sentential switching requires fine-grained, time-resolved language inference.
Our work on CS-FLEURS, CS-YODAS, and models such as LaDiCoW explicitly addresses
this setting by modeling language as a time-varying signal and composing outputs across
languages (Part II).

• Multiple output sequences (transcription and translation). In many applications, the
goal is not only to transcribe speech but also to translate it. This is particularly important
in dialectal settings, where the spoken form may not have a standardized or well-resourced
written form. In such cases, the transcription alone may be noisy or ambiguous, and the
translation provides an additional signal for interpretation. This results in two correlated
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output sequences, a transcription and a translation, that must be generated and reconciled
jointly. Our work on multilingual and dialectal speech translation highlights this setting,
where a single-sequence formulation is insufficient to capture the relationship between these
outputs (Part III).

• Simultaneous and streaming systems (online inference). In streaming ASR and speech-
to-speech translation, systems must produce outputs incrementally as audio is observed. This
requires making decisions under latency constraints, often before sufficient context is avail-
able. In practice, this leads to pipelines that generate intermediate sequences (e.g., partial
transcripts, intermediate translations) that are refined over time. These systems naturally op-
erate over multiple evolving sequences, rather than a single fixed output, further motivating
a multi-sequence formulation (Part IV).

These settings share a common structure: the system must reason over multiple plausible interpre-
tations of the inpu, across languages, across time, and across tasks, rather than commit to a single
sequence early in the inference process. The single-sequence paradigm forces these decisions to be
made implicitly and prematurely, which limits performance in multilingual and streaming settings.

This thesis adopts a different perspective. Instead of collapsing uncertainty into a single output,
we explicitly model and maintain multiple sequences during inference. Each sequence corresponds
to a different language-conditioned or task-conditioned interpretation, and the model defers com-
mitment until sufficient evidence is available.

Under this view, multilingual speech processing is more naturally framed as a multi-sequence
problem, where the goal is not to predict a single sequence, but to generate, align, and reconcile
multiple candidate sequences over time. The following sections formalize this perspective and
develop methods that operationalize it across the settings described above.

The Canonical Approach

To accommodate these additional requirements, practitioners have initially opted for minor modi-
fications to the canonical monolingual approach. For instance, the Whisper model (Radford et al.,
2023), is an attentional encoder decoder with the following two changes. In figure 1.1, we illustrate
the computational form of these approaches.

First, in order to determine what language is being spoken, the model first makes a classification
decision and then uses that language as a mode for outputting text - this is still a single sequence
prediction. Then to perform both transcription and translation in the same model, a task mode was
introduced. This is a toggle between either outputting transcription text or translation text - again,
still a single sequence prediction.
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Figure 1.1: Single Sequence Modeling

Re-formulation: Single to Multiple Sequence Prediction

To demonstrate the need for multi-sequence prediction, we start by revisiting the probabilistic
formulation of sequence prediction. We’ll then address how the formulation changes to accommo-
date the two aforementioned multilingual system requirements of 1) determining what language is
being spoken and 2) performing both transcription and translation.

Single Sequence Prediction

The canonical monolingual speech recognition task is to find Y which maximizes the conditional
likelihood of Y given X , where Y = (ym ∈ V|m = 1, ...,M) is a M -length text sequence
consisting of tokens from a vocabulary V , and X = (xt ∈ RD|t = 1, ..., T ) is a T -length speech
sequence of D-dimensional space:

p(Y |X), (1.1)

which is a single sequence prediction framework - multilingual speech processing requires more.
Find Y ∗ which maximizes p(Y |X), or
Find Y ′∗ which maximizes p(Y ′|X)

Multiple Sequence Prediction

Now to additionally 1) determine what language is being spoken, the formulation changes to con-
sider maximizing the joint likelihood between the language identity, l, and the text in that language,
Y . This joint likelihood can be broken down by product rule:

p(l, Y |X) = p(l|X)p(Y |l, X), (1.2)

making it possible to model this task by first choosing the language l and then predicting text in
that language Y . Notice here that this chained computation is dependent on an initial classification
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problem, spoken language identification, represented by p(l, X). Given that the set of known
languages is bounded, it is possible to parallelize the modeling of the dependent task, transcription,
represented by p(Y |l, X), by predicting text across multiple language modes at the same time.

In the other case, to additionally 2) perform both transcription and translation, the formulation
first changes similarly to consider a joint likelihood; this time between the transcription text, Y ,
and the translation text, Y ′. But there is a critical difference. This time the additional task is not a
classification, but rather another sequence prediction:

p(Y, Y ′|X) = p(Y |X)p(Y ′|X, Y ), (1.3)

meaning we must first model the prediction of transcription text, Y , before we are able to start pre-
dicting translation text, Y ′ - this chained computation is dependent on an initial sequence problem,
source language transcription, represented by p(Y |X). The search space of all possible transcrip-
tion sequences, Y , unlike that of all possible languages, l, is unbounded and not known in advance
of receiving the speech information, X . It is therefore not possible to parallelize the dependent
task, translation, represented by p(Y ′|X, Y ),

Figure 1.2: Parallel versus Sequential Multi-Sequence Modeling

In figure 1.2, we illustrate the computational forms of these two additional tasks of 1) deter-
mining what language is being spoken and 2) performing both transcription and translation. The
former is a parallel process while the latter is a sequential process.

Key Idea

We described the probabilistic and computational forms of two additional tasks presented by mul-
tilingual speech processing: 1) determining what language is being spoken and 2) performing both
transcription and translation - both are multi-sequence problems by nature.

Modeling either of these multilingual tasks with a direct single sequence prediction approach
therefore has several risks, as follows:
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• Classification Error Propagation - if a system incorrectly identifies the spoken language,
then it is very likely to produce an incorrect transcription. This can be especially severe in
cases where two phonetically related yet lexically distinct languages are confused.

• Task Under-specification - specifically in regards to the translation scenario, systems that do
not perform an intermediate transcription step do not have any way to improve the ultimate
translation by improving source language transcription, which is often a very useful lever.

• Data Inefficiency - training systems with overly monolithic architectures forces languages
or tasks to compete for the same model capacity, which is a particularly limiting when build-
ing dedicated models for applications supported by limited amounts of supervised data.

Therefore, it warrants empirically assessing the severity of these issues across various system use
cases - is the approximation, which saves computational cost, worth the loss in modeling accuracy?
And how can we alternatively construct multi-sequence prediction models?

This thesis focuses on this line of questioning along two axes of multilinguality: a) dedicated
use cases targeting local coverage of nuanced elements of human language, such as bilingual code-
switching and dialectal diglossia, and b) foundation use cases targeting global coverage of many
languages overall. The hope is that this research can lead to deeper and broader multilingual speech
processing.

1.2 Taxonomy

This thesis is divided first into the parallel and sequential multi-sequence modeling types. Then
within each type, we break applications down into two further settings - non-temporal and tempo-
ral. This results in four parts, which are as follows:

Figure 1.3: Thesis Taxonomy

• Parallel, Non-Temporal - refers to Multilingual Speech Recognition in the Wild, a setting
that requires determining what language is being spoken at an utterance-level
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• Parallel, Temporal - refers to Code-Switched Speech Recognition, a setting that requires
determining what languages are being spoken and when they are being spoken. This includes
both inter-sentential and intra-sentential code-switching. Inter-sentential code-switching
occurs when language boundaries align with sentence or utterance boundaries (e.g., one
sentence in English followed by another in Spanish), and can often be addressed by existing
multilingual pipelines that combine language identification (LID) with monolingual ASR. In
contrast, intra-sentential code-switching occurs within a single utterance, where languages
are interleaved at the phrase or word level.

• Sequential, Non-Temporal - refers to Offline Speech Translation, a setting that requires per-
forming transcription and translation of pre-recorded audio

• Sequential, Temporal - refers to Streaming Speech Translation, a setting that requires per-
forming transcription and translation for a continuous speech in real-time with low latency

This thesis is organized following the taxonomy summarized in Figure 1.3. We cover dedicated
model building and foundation model adaptation for each of the four aforementioned settings.
Chapter in this thesis proposal document describe both published and proposed work, as well as
reviews of prior work as necessary.

Chapter 2 (Parallel, Non-Temporal) covers Multilingual Speech Recognition in the Wild. We
start by reviewing the first joint language identification and speech recognition study in the end-to-
end neural network era, where a single sequence modeling paradigm was sufficient for 10 language
speech recognition. We then shift to modern 100 language speech recognition foundation models,
where transcription performance on tail languages is severely bottle-necked by error propagation
from language misidentification. We propose to alleviate this issue via an inference-time adapta-
tion, referred to as Multilingual N-best Re-ranking.

Chapters 3 through 7 (Parallel, Temporal) cover Code-Switched Speech Recognition. We start
by evaluating architectures for building dedicated bilingual speech recognition models, such as
for Singaporean Mandarin-English speakers. We then propose a different approach referred to
as Align-then-Stitch. We then shift to evaluating foundation models on massively multilingual
and code-switched speech, starting by constructing two new datasets, referred to as CS-FLEURS,
which aims to understand whether speech systems trained on 100 languages can also process
code-switched speech at that multilingual scale, and CS-YODAS, which aims to understand how
code-switching appears in-the-wild in web-scale data. Finally, we scale the Align-then-Stitch ap-
proach towards supporting code-switching between 100 languages in the work referred to as the
CS-Anything project.

Chapters 6 and 7 (Sequential, Non-Temporal) cover Offline Speech Translation. We start by
evaluating architectures for building dedicated speech translation models, such as for translating
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English speech into many languages and for Tunisian Arabic, a lower-resourced dialect. We then
propose a different approach referred to as Multi-Decoder, an end-to-end differentiable cascade of
speech recognition and machine translation sub-models.

Chapters 8 through 10 (Sequential, Temporal) cover Streaming Speech Translation. We start
by evaluating architectures under the additional constraint of low-latency real-time prediction. We
then propose several improvements, referred to as Hierarchical CTC and Post-edit Operations.
We then shift to evaluating speech-enabled large language models, which are capable of chain-of-
through prediction, under this same temporal constraint.
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Part I

Parallel, Non-Temporal Multi-Sequence
Modeling
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Chapter 2

Multilingual Speech Recognition in the Wild

Summary

This chapter delves into parallel, non-temporal multi-sequence modeling, which is required for
Multilingual Speech Recognition in the Wild.

Multilingual Automatic Speech Recognition (ASR) models are typically evaluated in a setting
where the ground-truth language of the speech utterance is known, however, this is often not the
case for most practical settings. Automatic Spoken Language Identification (SLID) models are
not perfect and misclassifications have a substantial impact on the final ASR accuracy. In this
chapter, we present a simple and effective N-best re-ranking approach which adapts models during
inference-time for parallel multi-sequence prediction - this allows us to improve multilingual ASR
accuracy for several prominent acoustic models by employing external features such as language
models and text-based language identification models. Our results on FLEURS using the MMS
and Whisper models show spoken language identification accuracy improvements of 8.7% and
6.1%, respectively and word error rates which are 3.3% and 2.0% lower on these benchmarks.1

2.1 Introduction

Recent work in multilingual automatic speech recognition (ASR) has drastically increased lan-
guage coverage to support hundreds and even thousands of languages. This includes approaches
based on labeled training data such as Whisper (Radford et al., 2023), USM (Zhang et al., 2023),
Seamless (Communication et al., 2023) and MMS (Pratap et al., 2024) as well as zero-shot work (Li
et al., 2022b; Zhao et al., 2024). The typical evaluation setting of these models assumes that the
ground-truth language is known in advance to the model and we refer to this as the lab evaluation

1https://github.com/facebookresearch/fairseq/tree/main/examples/mms/lid_rerank
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Figure 2.1: Multilingual ASR evaluation often assumes perfect spoken language identification
(Lab) leading to much lower word error rates compared to real world spoken language identifica-
tion (Wild - Baseline). Our method alleviates this lab-to-wild degradation (Wild - Our Method).

setting. However, in most practical settings, the language is not known and needs to be predicted
using spoken language identification (SLID) - a setting we refer to as the wild.

SLID models (Radford et al., 2023; Pratap et al., 2024) perform well on high-resource lan-
guages such as English but less so on low-resource languages, e.g., for Whisper, there are 13 out of
100 supported languages which have a SLID accuracy of below 50% on FLEURS (Conneau et al., 2023).
The errors of SLID bias dowstream ASR models towards the incorrect language and may result
in unusable outputs. This typically results in a higher average word error rate for ASR but it is
important to note that this increase is driven by high error rates on a subset of samples for which
the output will be essentially unusable. Figure 2.1 illustrates the impact of imperfect SLID on ASR
performance and how our method can recover much of that lost performance.

In this chapter, we propose a simple and effective N -best re-ranking approach to alleviate the
error propagation from SLID to ASR (§2.2). The key idea is to defer the final SLID decision
until after ASR has been performed for the top N SLID predictions. This enables the use of
features operating over the resulting transcriptions to better determine the correct language. The
set of features includes language models, written language identification models, as well as simple
acoustic models to choose the final output (Figure 2.2 illustrates our method).

The results show that this method can substantially improve accuracy on both FLEURS (Con-
neau et al., 2023) and ML-SUPERB (Shi et al., 2023) for MMS and Whisper, as well as Seamless.
Moreover, the method often approaches the ASR performance which could have been achieved
with the correct SLID prediction. A downside of the method is the higher computational require-
ments, however, we find that even for small N-best list sizes of N = 2, the majority of the accuracy
improvements can be realized.
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Figure 2.2: Illustration of our multilingual N -best re-ranking approach.

2.2 Proposed Method

We adapt the well-known N -best re-ranking framework typically used in monolingual ASR to
multilingual ASR (§2.2). We then describe the set of quality estimation systems used to score and
re-rank the multilingual N -best list (§2.2).

Multilingual ASR N-best Lists

N -best list re-ranking for a single language operates by using the ASR model to generate N -
best candidate transcriptions and ranking them by their likelihood, for instance via beam search
or sampling (Och, 2003; Chan et al., 2016; Salazar et al., 2020; Li et al., 2022a; Prabhavalkar
et al., 2024). Finally, the candidates are then re-scored according to additional features and a new
candidate is chosen. Crucially, the N candidate transcriptions are all in the same language.

The multilingual N -best re-ranking we consider operates differently: first, we perform spo-
ken language identification to obtain the N highest scoring languages predicted by the SLID model
for a given utterance. Next, we obtain the single highest scoring transcription for each of the N

languages from the multilingual ASR system by conditioning the ASR model on each language.
Finally, we place the resulting transcription for each language in the N -best list for re-ranking.
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Features for Re-ranking

We utilize the following six features for re-ranking, each of which estimates a subset of the
overall joint likelihood of a speech-language-transcript triplet, P (S, L, T ):

• P (T ) : (1) Language Model (LM), (2) Text Length (Len)2

• P (L, T ) : (3) Written LID Model (WLID)

• P (S, L) : (4) Spoken LID Model (SLID)

• P (S, T ) : (5) ASR, (6) u-roman ASR (UASR)

where the SLID and ASR systems are the exact same systems which produced the N -best list, i.e.,
we do not use Whisper to re-rank MMS or vice-versa.

These features (aside from SLID) judge the quality of the transcripts T in different ways: the
LM judges fluency of T in the respective language, the WLID model operates similarly but is more
focused on individual words. Both can identify ASR outputs consisting of many non-word tokens
such as when SLID is incorrect. u-roman ASR (Zhao et al., 2024) is an acoustic CTC model
trained on romanized text (Hermjakob et al., 2018) which standardizes the text of any language
to the standard Latin alphabet using a set of heuristics. The u-roman acoustic model penalizes
candidates which are not faithful to the audio and we found this to be useful for ASR models
known to hallucinate such as Whisper.

2.3 Experimental Setup

Spoken Lang ID and Automatic Speech Recognition Models

Table 2.1 shows the three multilingual ASR setups we chose for our study which are based on re-
cent prominent open-sourced models. For Whisper (Radford et al., 2023), a single auto-regressive
neural network first predicts SLID via a language token (e.g. [eng] or [spa]) which conditions the
generation of subsequent ASR tokens. Joint prediction of SLID and ASR is a common approach
in multilingual ASR (Watanabe et al., 2017a; Toshniwal et al., 2018; Hou et al., 2020b; Chen et al.,
2023).

For MMS and Seamless, separate classification-based SLID models first predict SLID. Then
MMS (Pratap et al., 2024) takes the language prediction by selecting language-specific CTC
adapters, while Seamless (Communication et al., 2023) auto-regressively conditions ASR on a
language token similar to Whisper.

2Not an actual likelihood estimator but can be used as a (weak) proxy.
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Table 2.1: We test our method on three separate model setups, each consisting of Spoken Language
Identification (SLID) and Automatic Speech Recognition (ASR) components.

NAME LANGS SLID COMPONENT ASR COMPONENT

MMS (Pratap et al., 2024) 1162 MMS-1B MMS-1B

Whisper (Radford et al., 2023) 100 Whisper v2 (joint SLID+ASR)

Seamless (Communication et al., 2023) 96 ECAPA-TDNN (Ravanelli et al., 2021) SeamlessM4T v2 (Communication et al., 2023)

We use greedy decoding for all ASR models. We do not use an external LM to decode the
CTC-based MMS model.

Re-ranking Feature Models

We use 6 auxiliary re-ranking models to produce the 6 features for re-ranking introduced in §2.2:

• P (T ) : (1) For LM we use MaLA-500 (Lin et al., 2024) which supports 534 languages and
is based on Llama-2 7B. (2) For Len we use character count, including spaces.

• P (L, T ) : (3) For WLID we use NLLB (Costa-jussà et al., 2022) which can classify text into
200 languages.

• P (S, L) : (4) For SLID we use the same model which produced the N -best languages in the
particular setup.

• P (S, T ) : (5) For ASR we use the same model which produced the N -best list in the particu-
lar setup. (6) Finally, for UASR we use MMS_Zero-Shot (Zhao et al., 2024) which supports
force alignment with romanized text.

All of these models produce log likelihood scores with the exception of Text Length (Len).

Hyper-parameter Tuning

The re-ranking is determined by the combined feature score:

score =
F∑

i=1

wifi (2.1)

where fi is the feature value of one of the F = 6 aforementioned models and wi is the feature
weight coefficient. The weights are tuned via random search over 10k iterations in which each
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coefficient is randomly set within a defined range. This is achieved by computing the re-ranking
WER on a development set for all 10k coefficient sets and then selecting the one which minimizes
WER. We use the official dev sets of FLEURS and ML-SUPERB, tuning separately for each model
and dataset. For LM, ASR, and UASR we use a range of 0 to 10. For SLID and WLID we use a
range of 0 to 100. For Text Length we use a range of -5 to 5.

Datasets and Evaluation

We evaluate on FLEURS (FL; (Conneau et al., 2023)) and ML-SUPERB (MS; (Shi et al., 2023))
using the languages supported by each model. For instance, MMS is evaluated on FL_102, the
full benchmark of 102 languages, while Whisper is evaluated on FL_61, the supported subset.
Therefore, MMS results are not directly comparable to Whisper. We made this choice to evaluate
our approach for each model as broadly as possible.

We report both SLID and ASR performance, where the former is measured in terms of accuracy
and the latter is measured in terms of word error rate (WER) for all languages except character-
based languages for which character error rate is used.3 We compare our method to the baseline
1-best SLID+ASR performance as well as the topline (oracle) re-ranking performance. The oracle
is based on selecting the candidate with the correct language if it exists in the N -best list. If the
correct language is not in the N -best list, then the candidate with the highest SLID score is selected.

2.4 Results and Analysis

We first report the accuracy of N -best re-ranking on Whisper, MMS, and Seamless both for SLID
and ASR (§2.4), analyze potential regressions (§2.4), and improvements on tail langauges (§2.4).
Next, we ablate the relative importance of each re-ranking feature (§2.4). Finally, we show that
our method is still effective with small values of N (§2.4) and outperforms standard monolingual
N -best re-ranking (§2.4).

Main Results

Table 2.2 shows that the method increases SLID accuracy on average by 5% absolute on
FLEURS and ML-SUPERB and three model setups. The approach captures about 41% of the
oracle performance.

Table 2.3 shows the corresponding ASR performance. 10-best re-ranking reduces the WER
by nearly 3% absolute, or about 9% relative, and captures about 79% of the oracle which has
access to the real language ID.
3Character langs: adx, bod, cmn, dzo, jpn, khg, khm, lao, mya, tha, yue.
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Table 2.2: SLID Accuracy (↑%): Re-rank 10-best (our method) vs. baseline (1-best) and oracle
(10-best).

MMS WHISPER SEAMLESS Avg

FL_102 MS_143 FL_61 MS_76 FL_73 MS_88

Baseline 85.6 80.3 83.9 76.7 81.4 69.6 79.6
Re-rank 94.3 85.0 90.0 79.5 83.1 75.8 84.6
Oracle 96.7 93.0 98.6 92.7 86.8 83.6 91.9

Table 2.3: ASR Word Error Rate (↓%): Re-rank 10-best (our method) vs. baseline (1-best) and
oracle (10-best).

MMS WHISPER SEAMLESS Avg

System FL_102 MS_143 FL_61 MS_76 FL_73 MS_88

Baseline 26.6 29.7 29.9 33.8 28.5 32.8 30.2
Re-rank 23.3 26.9 27.9 30.9 26.2 28.9 27.4
Oracle 23.0 26.4 27.7 30.6 25.2 26.6 26.6

Generally, performance is better on FLEURS than ML-SUPERB which we attribute to the
latter being a harder benchmark. The greater improvements in ASR than in SLID are due only
in part to our choice to minimize ASR WER during coefficient tuning. Another factor is that in
some cases a model can produce better outputs (lower WER) for an incorrect language than for the
correct one, but this is rare (more often on languages with high WER in the lab setting).

Drilldown into Main Results

The results so far showed an overall improvement but is there any regression on the samples which
were originally correctly classified by SLID?

To better understand this issue, we divide SLID and ASR performance into samples classified
correctly and incorrectly by the original SLID. Table 2.4 shows that the correct subset has slight
SLID accuracy regression of 1% and a 0.1% WER degradation for ASR, while the SLID accuracy
of the error subset increased from 0% to nearly 67% with a WER reduction of nearly 29% absolute.
It is important to note that the correct subset is much larger (85.6% vs. 14.4%) and regressions
there have a larger impact. Nonetheless, the regression is still very small and is accompanied by
substantial improvements on the error subset. Moreover, the oracle shows that the error subset is
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Table 2.4: Performance Breakdown into originally correct SLID vs. originally incorrect SLID for
MMS FL_102. There is only a very small regression on the correct subset and large improvements
on the incorret subset.

ORIG. CORRECT SLID ORIG. INCORRECT SLID
(85.6% OF TOTAL) (14.4% OF TOTAL)

System Acc (↑%) WER (↓%) Acc (↑%) WER (↓%)

Baseline 100.0 20.8 0.0 69.1
Re-rank 99.0 20.9 66.7 40.4
Oracle 100.0 20.8 76.9 39.3

hard: the oracle accuracy of 39.3% WER is nearly double that of the correct subset (20.8%).

Effect on Tail Languages

The baseline SLID accuracy is not uniform across languages - does the method alleviate the prob-
lems at the tail?

Table 2.5 shows the SLID and ASR performance for the ten FLEURS languages with the
lowest baseline SLID accuracy for MMS as well as the improvements with our method. Our
method increases the average SLID accuracy from 18.1% to 83.1% and decreases average WER
from 67.4% to 39.3%. See for instance the Odia language - SLID accuracy increases by 75%
absolute while WER decreases by 48% absolute.

Feature Ablation

To better understand the relative importance of each of the six features we use for re-ranking, we
conduct the following experiment: starting from an empty set we add the feature which results in
the best performance after tuning coefficients to minimize WER, repeating until all features have
been added. The rankings for MMS FL_102 and Whisper FL_61 are reported in Table 2.6.

The most important feature for both MMS and Whisper is SLID which is in part because it
is the model which originally produces the list of the N -best languages. The remaining feature
rankings show some variation across models which we believe is due to the different nature of
the models and their different error patterns. For instance, the uroman acoustic model (UASR) is
the second most useful feature for Whisper but the least useful for MMS. This is likely because
Whisper tends to generate unrelated transcriptions and UASR is effective in determining this since
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Table 2.5: Tail Performance: Re-ranking impact on the ten lowest performing languages (by SLID
Acc) for MMS FL_102.

SLID ACC (↑%) ASR WER (↓%)

Language Baseline Re-rank Baseline Re-rank

Xhosa 0.0 76.1 56.4 36.2
Kabuverdianu 1.2 40.4 52.4 34.4
Irish 5.3 96.0 96.9 62.4
Occitan 13.6 96.2 48.8 34.5
Odia 18.4 93.7 87.1 39.6
Kyrgyz 23.6 93.2 32.8 19.0
Central Kurdish 28.0 86.1 74.3 44.8
Northern Sotho 29.6 99.4 75.3 27.3
Igbo 30.3 63.5 72.7 52.0
Umbundu 30.7 86.4 77.3 42.8

Average 18.1 83.1 67.4 39.3

UASR is a CTC model which is force-aligned with the Whisper transcription. On the other hand,
MMS is already a CTC model and this capability is therefore redundant.

Written LID (WLID) is the second most important feature for MMS because the CTC model is
more likely to output non-words given the incorrect language tag and WLID detects this effectively.
The acoustic model score (ASR) is useful for both models since it is measure of confidence in the
transcriptions. Finally, an external language model is most redundant for Whisper, since it has a
strong built-in language model already.

N -best List Size Ablation

A drawback of the method is an increase in computational cost proportional to the size of the
N -best list. To better understand the impact of N , we measure performance for different values
(where N = 1 corresponds to the baseline).

Figure 2.3 shows that the larger values of N result in better accuracy but the largest marginal
improvement is achieved with just N = 2 which captures 46% and 61% of the SLID and ASR
improvements of N = 10 for MMS and 55% and 75% for Whisper, respectively. This suggests
that a lightweight version of the proposed method may be preferable if computational cost is a
limiting factor.
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Table 2.6: Feature Importance Rankings: MMS FL_102 and Whisper FL_61.

MMS (FL_102) WHISPER (FL_61)

Rank Signal WER (↓) Rank Signal WER (↓)
1 SLID 27.0 1 SLID 29.9
2 +WLID 25.1 2 +UASR 29.2
3 +ASR 24.5 3 +ASR 28.8
4 +LM 24.1 4 +WLID 28.0
5 +Len 23.7 5 +Len 28.0
6 +UASR 23.7 6 +LM 27.9

Table 2.7: Multilingual vs. Monolingual N-best Lists: Whisper FL_61

System Acc (↑%) WER (↓%)

Baseline (1-best) 83.9 29.9
Monolingual Re-rank (10-best) 83.9 28.7
Multilingual Re-rank (10-best) 90.0 27.9

Comparison to Standard Monolingual N-best Lists

Finally, we compare multilingual re-ranking to standard monolingual re-ranking which is based on
an N -best list obtained via beam search for the most likely LID prediction of an utterance. For this
comparison, we use the same set of re-ranking features for each type of N -best list.

Table 2.7 shows that monolingual re-ranking outperforms the 1-best baseline but our approach
further improves ASR by 0.8% absolute WER while also improving SLID accuracy by 6.1% ab-
solute. This shows that a large part of the improvement is due to identifying the correct language
and not just due to switching to an n-best re-ranking setup. Moreover, our method may also benefit
from considering multiple ASR candidates per language and future work may investigate this.

2.5 Related Work

The idea of determining language ID after examining ASR outputs is not new. Prior work have
employed this to improve the LAS architecture (Toshniwal et al., 2018; Li et al., 2018). Other
works focused on code-switched ASR in particular have also explored various forms of SLID and
ASR conditioning (Yan et al., 2022b, 2023c; Hussein et al., 2024a). (Metze et al., 2000) uses
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Figure 2.3: Effect of different sized N -best lists for SLID (left) and ASR (right).

ASR confidence to distinguish between only three possible languages, an early precursor to our
work. (Wang et al., 2019) uses a set of features like we do but they propose either lattice regression
or neural network based methods for combining them. Finally, (Chandak et al., 2020) eschews
the use of any features and instead learn latent representations of ASR candidates via a bespoke
architecture.

2.6 Conclusion

This chapter presents a simple N -best re-ranking approach to improve multilingual ASR using
a small set of external features. Empirical results show spoken language identification accuracy
improvements with the Whisper and MMS models of 8.7% and 6.1%, respectively and word error
rate reductions of 3.3% and 2.0% on the FLEURS benchmark. Moreover, we show that our method
substantially benefits many languages which previously had very low SLID and ASR performance.

We’ve now established the efficacy of parallel multi-sequence modeling for this utterance-level
(or non-temporal) language identification dependent ASR task. Next, let’s consider the case that
language identity is variable within an utterance as in code-switched speech.
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Chapter 3

Align-then-Stitch: Joint Code-Switched and
Monolingual Speech Recognition

Summary

This chapter delves into parallel, temporal multi-sequence modeling which is required for code-
switched speech recognition. This chapter introduces the general problem setting: bilingual speech
recognition, where systems must process monolingual speech and intra-sententially code-switched
speech indiscriminately.

Conversational bilingual speech encompasses three types of utterances: two purely monolin-
gual types and one intra-sententially code-switched type. In this chapter, we propose a general
Align-then-Stitch framework to jointly model the likelihoods of the monolingual and code-switch
sub-tasks that comprise bilingual speech recognition. By defining the monolingual sub-tasks with
label-to-frame synchronization (the Align stage), our joint modeling framework can be condition-
ally factorized such that the final bilingual output, which may or may not be code-switched, is
obtained given only monolingual information (the Stitch stage). We show that this conditionally
factorized joint framework can be modeled by an end-to-end differentiable neural network. We
demonstrate the efficacy of our proposed model on bilingual Mandarin-English speech recognition
across both monolingual and code-switched corpora.

3.1 Introduction

Conversational spoken language defies monolithic form, but rather is highly adaptive to situational
cues such as who you are speaking to or what you are speaking about (Auer, 2013; Dragojevic
et al., 2015). For instance, bilingual speakers often code-switch between different languages to
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facilitate communication (Heredia and Altarriba, 2001; Hou et al., 2020a). In fact, the act of
bilingual code-switching itself may convey various aspects about the speaker such as a desire to
spark an interpersonal connection (Ahn et al., 2020), a level of subject-matter expertise (Yoder
et al., 2017), or an affinity to some socio-economic status (Liu, 2019).

In order to broadly cover bilingual speech, recognition systems need to recognize not only
monolingual utterances from two different languages, but also intra-sententially code-switched
(CS) utterances where both languages are present (Heredia and Altarriba, 2001; Hou et al., 2020a).
While recent advancements in the related field of multilingual speech recognition have signifi-
cantly improved the language coverage of a single system by training on mixtures of monolingual
utterances (Adams et al., 2019; Pratap et al., 2020a), these works typically do not account for intra-
sentential CS. Prior works have adapted large-scale multilingual models to more flexibly identify
language switch points (Li et al., 2019a; Zhou et al., 2022a), but performance is dependent on the
cross-lingual dynamics of the selected languages (Seki et al., 2018).

Another approach is to directly optimize towards intra-sentential CS for a particular bilingual
pair. A significant portion of recent works are ameliorating the linguistic differences between
two unrelated languages by explicitly defining cross-lingual phone-merging rules (Lyudovyk and
Pylypenko, 2014; Luo et al., 2018; Sivasankaran et al., 2018) or by implicitly learning latent lan-
guage identity representations (Yılmaz et al., 2016; Song et al., 2017; Zeng et al., 2018; Kim and
Seltzer, 2018; Shan et al., 2019b; Zhang et al., 2021b). The other significant portion of recent
works are ameliorating the scarcity of paired CS speech data through data efficient methods that
incorporate monolingual data into both acoustic (Lu et al., 2020; Zhou et al., 2020b; Dalmia et al.,
2021a; Zhang et al., 2021a) and language modeling (Gonen and Goldberg, 2018; Shan et al., 2019a;
Chuang et al., 2020; Dalmia et al., 2021a; Zhang et al., 2021a) as well as through data augmenta-
tion techniques that generate synthetic CS data (Chang et al., 2018; Pratapa et al., 2018; Ma et al.,
2019b; Lee et al., 2019). However, works focusing narrowly on intra-sentential CS often ignore or
sacrifice performance on monolingual scenarios (Shah et al., 2020; Sitaram et al., 2019)

We are interested conversational bilingual speech recognition systems (ASR) that can cover
both monolingual and intra-sententially CS scenarios. In particular, we are interested in systems
that can 1) indiscriminately recognize both monolingual and intra-sententially CS utterances, 2)
efficiently leverage monolingual and CS ASR training data, and 3) be built in an end-to-end man-
ner.

We first propose a formulation of the bilingual ASR problem as a conditionally factorized joint
model of monolingual and CS ASR where the final output is obtained given only monolingual
label-to-frame synchronized information §3.3. We then apply an end-to-end differentiable neural
network, which we call the Conditional RNN-Transducer (RNN-T), to model our conditional joint
formulation §3.3. We show the efficacy of the Conditional RNN-T model in both monolingual and
CS scenarios compared to several baselines §3.5. Next, we demonstrate the Language-Separation
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Figure 3.1: Probabilistic graphical model representations of different formulations of the bilingual
ASR task, separated into three categories: (a) direct, (b) divide-and-conquer, and (c) conditional.

ability, an added benefit of our proposed model §3.5. Finally, we validate a key conditional inde-
pendence assumption in our framework by showing experimentally that given monolingual label-
to-frame information, no other information from the observation is required §3.5.

3.2 Background and Motivation

In this section, we interpret the underlying probabilistic graphical models of prior works in bilin-
gual ASR, as applied to Mandarin-English, to motivate our conditionally factorized framework in
§3.3.

Direct Graphical Models

Bilingual ASR is a sequence mapping from a T -length speech feature sequence, X = {xt ∈
RD|t = 1, ..., T}, to an N -length label sequence, Y = {yn ∈ (VM ∪ VE)|n = 1, ..., N} con-
sisting of Mandarin VM and English VE . As shown in Figure 3.1.a, the simplest approach mod-
els the bilingual output Y as a random variable with a single dependency on the observation X .
Both the Mandarin VM and English VE vocabularies are regarded as part of the same set of out-
put units and no explicit distinctions are made between the languages. This unification of two
languages from unrelated families complicates the ASR task via phonetic ambiguities, but hand-
crafting phone-merging rules may alleviate this issue (Lyudovyk and Pylypenko, 2014; Luo et al.,
2018; Sivasankaran et al., 2018).

Alternatively, multi-tasking with language-identification can induce useful latent distinctions
between Mandarin and English representations. Here, we introduce language ID I as another ran-
dom variable with a single dependency on the observation X . Note that the bilingual output Y and
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the language-ID I do not interact with each other aside from being implicitly related as they both
directly depend on X . During training, this multi-tasking approach helps to resolve cross-lingual
ambiguities within the shared bilingual latent representations (Yılmaz et al., 2016; Song et al.,
2017; Zeng et al., 2018; Kim and Seltzer, 2018; Shan et al., 2019b; Zhang et al., 2021b). During
inference, the bilingual output is obtained directly from the observation similar to the single depen-
dency approach. The main drawback of these direct approaches is the potentially high complexity
of the X → Y dependency due to conflicting linguistics of different two languages.

Divide-and-Conquer Graphical Models

Alternatively, the bilingual ASR task can be decomposed into its sub-component monolingual
parts as in the divide-and-conquer approaches shown in Figure 3.1.b. The separational approach
uses language ID I to segment the observation X into monolingual parts before passing those
to monolingual recognizers which separately predict Mandarin Y M = {yMl ∈ VM |l = 1, ..., L}
and English Y E = {yEl ∈ VE|l = 1, ..., L}. Finally, the monolingual outputs Y M and Y E are
stitched together accordingly to obtain the final bilingual output Y . This approach successfully
introduces simpler X → Y M and X → Y E dependencies, but does so at the cost of the additional
dependencies associated with the language ID random variable I: I → Y M , I → Y E , and I → Y .
Therefore, performance becomes highly dependent on the ability to correctly predict the language
identity at a segment level (Chan et al., 2004; Weiner et al., 2012; Lyu et al., 2013; Rallabandi
et al., 2018; Li et al., 2019b).

The mixture-based approach avoids this dependency on the language ID I by instead introduc-
ing another random variable G, a gating mechanism. This approach first noisily models X → Y M

and X → Y E , but maintains latent representations of each so as to avoid early decisions. Then,
it models the gating mechanism G as a function of these latent monolingual representations; we
approximate this dependency in our graph as (X, Y M , Y E) → G. Finally, the gating mechanism
G is used to fuse the latent monolingual representations to ultimately obtain the bilingual output
Y . This is a promising approach that efficiently combines information from monolingual experts
by operating entirely within the latent space (Lu et al., 2020; Zhou et al., 2020b; Dalmia et al.,
2021a). However, mixture-based approaches much like their separational cousins incur the cost of
the additional dependencies associated with the gating random variable G. Our motivation is to de-
compose the bilingual ASR problem into monolingual sub-tasks without incurring any additional
random variables.
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Table 3.1: Results comparing the Conditional RNN-T models to Vanilla and Gating RNN-T base-
lines on intra-sententially code-switched (CS), monolingual Mandarin, and monolingual English
test sets. The upper half shows results when using only CS data during fine-tuning while the bot-
tom half shows results when using CS + monolingual data during fine-tuning. All models are
pre-trained on monolingual data.

Pre-trained Fine-tuning CODE-SWITCHED MONO-MAN MONO-ENG

Model Type Model Name Encoder(s) Data MER CER WER CER WER

Direct Vanilla RNN-T ✓ CS 12.3 9.9 34.3 17.9 81.4
Mixture Gating RNN-T ✓ CS 11.5 9.1 33.0 17.7 78.3
Conditional Our Proposed Model ✓ CS 11.5 9.1 33.2 15.5 82.9
Conditional + Language-Separation (LS) ✓ CS 11.1 8.7 32.7 15.3 82.7

Direct Single RNN-T ✓ CS + M 11.3 9.3 30.8 6.5 17.8
Mixture Gating RNN-T ✓ CS + M 11.2 8.8 34.7 5.7 34.6
Conditional Our Proposed Model ✓ CS + M 10.3 8.2 29.5 5.4 16.5
Conditional + Language-Separation (LS) ✓ CS + M 10.2 8.1 29.2 5.3 16.3

3.3 Proposed Framework

In this section, we first propose a framework using label-to-frame synchronization to obtain bilin-
gual outputs given only conditional monolingual information. Then we show an end-to-end differ-
entiable method to model our conditionally factorized framework.

Conditionally Factorized Formulation of Bilingual ASR

Rather than treating CS ASR as a single sequence transduction task, we seek to decompose it
into three portions: 1) recognizing Mandarin 2) recognizing English and 3) composing recognized
monolingual segments into a bilingual sequence which may or may not be CS. However, given
only monolingual portions of the output Y M and Y E we cannot form Y without the order in
which they should be composed. Therefore, in order to satisfy our desired conditional probabilistic
graph (shown in Figure 3.1.c), we need richer monolingual representations which contain ordering
information.

Consider that for each T -length observation sequence X and L-length bilingual label sequence
Y , there are a number of possible T -length label-to-frame sequences Z = {zt ∈ VM ∪ VE ∪
{∅}|t = 1 . . . T}. Here, zt is either a surface-level unit or a blank symbol denoting a null emission
as in Connectionist Temporal Classification (CTC) (Graves et al., 2006). The posterior of the
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bilingual label sequence p(Y |X) is then factorized as follows:

p(Y |X) =
∑

Z∈Z(Y )

p(Z|X) (3.1)

Note that the summation is over all possible label-to-frame alignments Z ∈ Z(Y ) for a given
observation X and label Y pair.1

Next, we re-formulate any bilingual label-to-frame sequence in terms of its constituent mono-
lingual label-to-frame sequences ZM = {zMt ∈ VM ∪ {∅}|t = 1 . . . T} and ZE = {zEt ∈
VE ∪ {∅}|t = 1 . . . T}. Now, we can indeed obtain the bilingual Z given only conditional mono-
lingual information ZM and ZE:

zt =





zMt , if zMt ∈ VM and zEt = ∅
zEt , if zEt ∈ VE and zMt = ∅
∅, if zMt = ∅ and zEt = ∅

(3.2)

Note that at position t only one of zMt or zEt may be a surface-level unit while the other must be
the blank symbol by definition. It is possible that both zMt and zEt are blank symbols, but it is not
possible that both are surface-level units.

Following this interpretation of the bilingual sequence Z in terms of its monolingual parts ZM

and ZE , we can re-formulate the posterior p(Z|X) as a joint likelihood p(Z,ZM , ZE|X):

p(Z|X) = p(Z,ZM , ZE|X) (3.3)

= p(Z|ZM , ZE, X)p(ZM , ZE|X) (3.4)

≈ p(Z|ZM , ZE,��X)p(ZM |X)p(ZE|X) (3.5)

From Eq. equation 3.4 to Eq. equation 3.5, we make two key independence assumptions. The first
is that given ZM and ZE , no other information from the observation X is required to determine
Z since the monolingual label-to-frame sequences already contain ordering information. We show
that this assumption holds experimentally in §3.5. The second assumption is that p(ZM |X) and
p(ZE|X) are independent, allowing for separate modeling of monolingual posteriors.

1Z maps to Y deterministically via repeat and blank removal rules (Graves, 2012a).
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Conditional RNN Transducer

Monolingual Modules

The monolingual label-to-frame posteriors p(ZM |X) and p(ZE|X) are further factorized with the
chain-rule as follows:

p(ZM |X) ≈
T∏

t=1

p(zMt |X,���zM1:t−1) (3.6)

p(ZE|X) ≈
T∏

t=1

p(zEt |X,���zE1:t−1) (3.7)

Note that we make the conditional independence assumption here as a modeling choice, mitigating
label / exposure bias issues (Ranzato et al., 2016; Bottou et al., 1997).

Our proposed Conditional RNN-T models the posterior as follows. Given the observed speech
feature sequence X , a Mandarin-only ENCODERM maps to a sequence of hidden representations
hM = {hM

t ∈ RD|t = 1, ..., T} and an English-only ENCODERE maps to a sequence of hidden
representations hE = {hE

t ∈ RD|t = 1, ..., T}. Separate linear projection layers followed by
softmax activations, SOFTMAXOUTM and SOFTMAXOUTM , yield the posteriors p(zMt |X) and
p(zEt |X). We train these modules using CTC loss functions LM_CTC and LE_CTC (Graves et al.,
2006).

Bilingual Module

The bilingual conditional likelihood p(Z|ZM , ZE) is further factorized with the chain-rule as well:

p(Z|ZM , ZE) =
T+L∏

i=1

p(zi|ZM , ZE, z1:i−1) (3.8)

The monolingual alignment information is passed to the bilingual module via the hidden rep-
resentations hM and hE . We therefore approximate P (zi|ZM , ZE, z1:i−1) as follows:

hENC
t = hM

t + hE
t (3.9)

hDEC
l = DECODER(z1:l−1) (3.10)

hJNT
t,l = JOINT(hENC

t ,hDEC
l ) (3.11)

p(zi|hM ,hE, z1:i−1) = SOFTMAXOUT(hJNT
t,l ) (3.12)

Note that equation 3.12 approximates p(zi|ZM , ZE, z1:i−1) from equation 3.8 by using the latent
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representations hM and hE to pass the monolingual label-to-frame information ZM and ZE .2 We
train these modules using the RNN-T loss function LRNNT (Graves, 2012a).

Full Network

With Equations equation 3.1 and equation 3.5, the posterior p(Y |X) finally becomes:

p(Y |X) ≈
∑

Z
p(Z|ZM , ZE)

︸ ︷︷ ︸
∆
=prnnt(Y |ZM ,ZE)

∑

ZM

p(ZM |X)

︸ ︷︷ ︸
∆
=pctc(Y M |X)

∑

ZE

p(ZE|X)

︸ ︷︷ ︸
∆
=pctc(Y E |X)

(3.13)

where the monolingual CTC, pctc(Y
M |X) and pctc(Y

E|X), and bilingual RNN-T, prnnt(Y |ZM , ZE),
objective functions are defined as summations over all possible frame-to-label sequences ZM ∈
ZM(Y M), ZE ∈ ZE(Y E), and Z ∈ Z(Y ) respectively.

We train our Conditional RNN-T model using an initial monolingual pre-training step to maxi-
mize pctc(Y

M |X) and pctc(Y
E|X). We then fine-tune the entire network to maximize prnnt(Y |ZM , ZE),

including both the bilingual and pre-trained monolingual modules, on a mixture of monolingual
and CS data. Since this first regime only implicitly applies monolingual conditioning via pre-
trained initialization, we propose an explicit alternative regime which we call the Conditional
RNN-T + Language-Separation (LS). This variant of our proposed model uses a multi-tasked loss
LLS with tunable λ:

LLS = λLRNNT + (1− λ)(LM_CTC + LE_CTC) (3.14)

The monolingual ground truths Y M and Y E are obtained by applying a language-specific mask to
the bilingual ground truth Y .3

3.4 Data and Experimental Setup

Data: We use 200h of intra-sententially CS training data from the ASRU 2019 shared task where
Mandarin is the matrix and English is the embedded language (Shi et al., 2020). We use 500h of
monolingual Mandarin data for pre-training and a 200h subset for fine-tuning (Shi et al., 2020). We
use 700h of accented monolingual English data for pre-training and a 200h subset for fine-tuning
(Speechocean, 2017). We use provided test CS data and generate our own splits for monolingual
test sets.
2Alternatively, logit or softmax normalized could be used here (Dalmia et al., 2019).
3This masking is applicable to both monolingual and CS Y . E.g. if yl ∈ VM∀l, then the masked Y E is the empty
string and Y M is the entire Y .
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Experimental Setup: All our models were trained using the ESPnet toolkit (Watanabe et al.,
2018). Our input features are global mean-variance normalized 83 log-mel filterbank and pitch
features (Povey et al., 2011). We apply the Switchboard Strong (SS) augmentation policy of
SpecAugment (Park et al., 2019). We combine 5000 Mandarin characters with 5000 English BPE
(Sennrich et al., 2016) units to form the output vocabulary. ENCODERS are conformers (Gulati
et al., 2020; Guo et al., 2021) with 12 blocks, kernel size of 15, 2048 feed-forward dim, 256 at-
tention dim, and 4 heads. DECODERS are LSTMs (Hochreiter and Schmidhuber, 1997; Watanabe
et al., 2018) with 1 layer, 1024 embed dim, 512 unit dim, and 512 joint dim. The direct RNN-T
baseline with only 1 encoder uses a doubled 512 attention dim, so all models have about 100M
params. We use the Adam optimizer to train 80 epochs with an inverse square root decay schedule,
a transformer-lr scale (Watanabe et al., 2018) of 1, 25k warmup steps, and an effective batchsize
of 192. ENCODERS are pretrained using the hybrid CTC/Attention framework (Watanabe et al.,
2017b). We use beam-size of 10 during inference. Ablation studies on CTC sub-nets use greedy
decoding.

3.5 Results

In Table 3.1, we compare the CS and monolingual performances of our Conditional RNN-T
and Conditional RNN-T + LS models to direct and mixture-based baselines, which are our re-
implementations of Vanilla RNN-T (Dalmia et al., 2021a; Zhang et al., 2021b) and Gating RNN-T
(Lu et al., 2020; Dalmia et al., 2021a) described in prior works. The top and bottom portions of
Table 3.1 compare results when using only CS data versus using both CS and monolingual data
during fine-tuning. Not only did all models perform significantly better on monolingual sets when
using monolingual fine-tuning data, they also improved on the CS set suggesting that the monolin-
gual data is indeed supplementing the CS training data.4

As shown in the bottom half of Table 3.1, the Gating RNN-T slightly outperforms the Vanilla
RNN-T on CS and monolingual Mandarin but is degraded on monolingual English, suggesting
that the gating mechanism overly focuses on outputting Mandarin due to the high skew of the
CS training data towards Mandarin. Our proposed Conditional RNN-T model outperforms the
best baselines consistently across evaluation sets. On the monolingual sets, the Conditional RNN-
T model performs similarly to monolingual-only models trained on the same data. Further, the
Language-Separation loss incrementally improves across all sets suggesting a benefit to the explicit
monolingual conditioning method described in Eq. equation 3.14. We examine this benefit further
in the subsequent sub-section.

4Unlike the shared task in (Shi et al., 2020), we evaluate on monolingual corpora and do not use the provided 3-gram
LM, the full monolingual data during fine-tuning, data augmentation besides SpecAugment, or LID multi-tasking.

38



En
gl

is
h 

C
TC

M
an

da
rin

 C
TC

Ref:   我有两个 ▁QUESTION 比较长 …

Blank
Top Non-Blank

Frames

Figure 3.2: Example illustrating the label-to-frame posteriors of the monolingual CTC sub-nets for
an intra-sententially CS utterance.

Language-Separation Ability of Monolingual Modules

Recall that in Eq. equation 3.2 we state that the bilingual Z is specified in terms of its mono-
lingual parts, ZM and ZE , such that at any position t only one of zMt or zEt may be non-blank.
If our proposed Conditional RNN-T model is indeed modeling p(ZM |X) and p(ZE|X) with this
property, it logically follows that each monolingual CTC sub-net would be capable of emitting
labels for frames corresponding to their language while emitting blanks for frames in the other
language; we refer to this diarization-like (Lyu et al., 2013) ability as Language-Separation. This
Language-Separation is observable in Figure 3.2 which depicts the blank and non-blank posterior
values of each monolingual CTC sub-net for a snippet of CS speech. Here, the Mandarin side
emits characters while the English side emits blanks except for frames 30 to 40 where the opposite
occurs.

As mentioned in §3.3, there are two ways to optimize the Conditional RNN-T model towards
the conditionally factorized formulation in Eq. equation 3.13. Table 3.2 shows that the implicit
way, which uses pre-training to condition the bilingual task p(Z|ZM , ZE), produces monolingual
CTC sub-nets that reasonably able perform Language-Separation on CS data. However, the explicit
way described in Eq. equation 3.14 is preferred since it provides a supervised Language-Separation
signal. Thus, the resultant monolingual CTC sub-nets of this Conditional RNN-T + LS model have
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Table 3.2: Ablation study examining the language-separation ability of the monolingual CTC sub-
nets, p(ZM |X) and p(ZE|X), on the CS dev set. The sub-nets are expected to transcribe speech
from their languages while ignoring speech in the other. Performance is evaluated using monolin-
gual parts Y M and Y E of the ground-truth CS label sequence Y . CER/WER and Insertion Rate
(INS) are shown.

MAN PORTION OF CS ENG PORTION OF CS
Model Sub-Net CER INS Sub-Net WER INS

Cond. RNN-T p(ZM |X) 11.8 3.7 p(ZE|X) 42.7 7.9
Cond. RNN-T + LS p(ZM |X) 8.6 0.7 p(ZE|X) 37.1 4.6

Table 3.3: Experimental validation of conditional independence assumption in the bilingual mod-
ule which models p(Z|ZM , ZE,��X). The 3-Encoder variant removes this assumption in its bilin-
gual module p(Z|ZM , ZE, X). Results are shown on the CS dev set.

Bilingual CODE-SWITCHED

Model Condition MER CER WER

Cond. RNN-T + LS p(Z|ZM , ZE) 11.1 8.9 31.1
3-Enc. RNN-T + LS p(Z|ZM , ZE, X) 11.2 9.0 31.1

a greater Language-Separation ability as indicated by the reduced insertion errors for the same CS
data.

Conditional Independence of p(Z|ZM , ZE) from X

Finally, we experimentally validate the conditional independence assumption in Eq. equation 3.5
that the final bilingual output Z depends only on monolingual alignment information ZM and ZE

and nothing else from the observation X . In this study, we augment the Conditional RNN-T +
LS model with a third ENCODERA which maps the observation X to hidden representations hA =

{hA
t ∈ RD|t = 1, ..., T}. This hA is then added as a third term to the fusion in Eq. equation 3.9

thereby allowing the bilingual module to model p(Z|ZM , ZE, X) instead of p(Z|ZM , ZE). We call
this modified model the 3-Encoder RNN-T + LS and train it in the same way as the Conditional
RNN-T + LS model. As shown in Table 3.3, this 3-Encoder variant does not capture any additional
useful information from the observation X but rather performs slightly worse than our Conditional
RNN-T + LS model.
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3.6 Conclusion

We present an end-to-end framework for jointly modeling CS and monolingual ASR with condi-
tional factorization such that the bilingual task is logically decomposed into simpler sub-components.
We show improvements on both CS and monolingual ASR over prior works, suggesting that our
general joint modeling approach is promising towards building robust bilingual systems.

We’ve now examined the bilingual speech recognition, which requires parallel temporal multi-
sequence modeling, under the setting where some amount of code-switched supervision is avail-
able. Next, we examine the resource constrained setting where no code-switched supervision is
available.
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Chapter 4

Application of Align-then-Stitch to
Zero-Shot Code-Switched Speech
Recognition

Summary

In this chapter, we seek to build effective code-switched (CS) automatic speech recognition sys-
tems (ASR) under the zero-shot setting where no transcribed CS speech data is available for train-
ing. The previously proposed Align-then-Stitch framework which conditionally factorizes the bilin-
gual task into its constituent monolingual parts is a promising starting point. However, the method
requires the monolingual modules to perform language segmentation. That is, each monolingual
module has to simultaneously detect CS points and transcribe speech segments of one language
while ignoring those of other languages – not a trivial task. We simplify each monolingual module
by allowing them to transcribe all speech segments indiscriminately with a monolingual script (i.e.
transliteration). This modification passes the responsibility of CS point detection to subsequent
bilingual modules which determine the final output by considering multiple monolingual translit-
erations along with external language model information. We apply this transliteration-based ap-
proach in an end-to-end differentiable neural network and demonstrate its efficacy for zero-shot
CS ASR on Mandarin-English SEAME test sets.

4.1 Introduction

In order to build multilingual automatic speech recognition (ASR) systems that are robust to code-
switching (CS), practitioners must tackle both the long-tail of possible language pairs (Lewis,
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2009) and the relative infrequency of intra-sententially CS examples within collected training cor-
pora (Gambäck and Das, 2014). Therefore, a preeminent challenge in the CS ASR field is to build
effective systems under the zero-shot setting where no CS ASR training data is available. Recent
advancements in multilingual speech recognition have demonstrated the impressive scale of cross-
lingual sharing in neural network approaches (Watanabe et al., 2017a; Li et al., 2019a, 2021; Yan
et al., 2021; Lu et al., 2022; Bapna et al., 2022; Li et al., 2022b; Bai et al., 2022; Zhou et al., 2022a;
Zhang et al., 2022b), and these works have shown that jointly modeling ASR with language iden-
tity (LID) grants some intra-sentential CS ability (Zhou et al., 2022a; Seki et al., 2018). However,
most of these large scale models skew towards high-resourced languages (Li et al., 2022b) and do
not seek to directly optimize for intra-sentential CS ASR between particular language pairs.

A more promising direction towards zero-shot CS ASR can be found in prior works which
seek to incorporate monolingual data directly to improve CS performance (Gonen and Goldberg,
2018; Li et al., 2019b; Shan et al., 2019a; Taneja et al., 2019; Shi et al., 2020; Shah et al., 2020;
Lu et al., 2020; Zhou et al., 2020b; Chuang et al., 2020; Dalmia et al., 2021a; Zhang et al., 2021a;
Liu and Cao, 2021; Ali et al., 2021; Diwan et al., 2021b; Deng et al., 2022b). In particular, there
are several works which achieve joint modeling of CS and monolingual ASR by conditionally
factorizing the overall bilingual task into monolingual parts (Yan et al., 2022c; Tian et al., 2022;
Song et al., 2022). By using label-to-frame synchronization, this conditionally factorized approach
can make a CS prediction given only the predictions of the monolingual parts (Yan et al., 2022c)
– theoretically these conditionally factorized models can model CS ASR without any CS data, but
this has not been previously confirmed.

In this work, we seek to build CS ASR systems under two zero-shot data conditions: 1) mono-
lingual speech and CS text data are available, 2) only monolingual speech and text data are avail-
able. In particular, we are interested in exploring the zero-shot capability of conditionally factor-
ized joint CS and monolingual ASR models.

We first re-formulate the initial monolingual stage of these conditionally factorized models in
terms of their language segmentation burden, showing that prior works expect each monolingual
module to perform CS point detection and transcription in tandem. Any errors in CS point detec-
tion are thus propagated downstream to the final bilingual stage which attempts to stitch multiple
monolingual predictions into an output which may or may not be CS. To improve model robust-
ness towards zero-shot CS ASR, we propose an alternative formulation of the monolingual stage
such that each module is an indiscriminate transliterator, transcribing all speech using a mono-
lingual script without any regard for potential CS points. As a result we delay CS point detection
until the final bilingual stage, allowing our models to condition this critical decision on multiple
monolingual inputs and incorporate additional information from external language models. Our
transliteration-based method yielded 5 absolute error-rate reduction in our zero-shot CS ASR ex-
periments.
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Figure 4.1: Examples showing the difference between language segmentation targets Y
M/E

SEG ob-
tained via masking (§4.2) vs. transliteration targets Y

M/E
TRA obtained via cross-lingual pseudo-

labeling (§4.3).

4.2 Background and Motivation

In this section, we examine the language segmentation role of the monolingual modules in previ-
ously proposed conditionally factorized models (Yan et al., 2022c), motivating our transliteration-
based approach (§4.3).

Joint Modeling of Code-Switched and Monolingual ASR

Let us take the Mandarin-English bilingual pair as an example for the following formulations.
Bilingual ASR, where speech may or may not be CS, is a sequence mapping from a T -length
speech feature sequence, X = {xt ∈ RD|t = 1, ..., T}, to an L-length label sequence, Y = {yl ∈
(VM ∪VE)|l = 1, ..., L} consisting of Mandarin VM and English VE . The conditionally factorized
framework (Yan et al., 2022c) decomposes this bilingual task into three sub-tasks: 1) recognizing
Mandarin, 2) recognizing English, and 3) composing recognized monolingual segments into a
bilingual sequence.

The basis of this approach is to model the label-to-frame alignments. For each T -length
observation sequence X and L-length bilingual label sequence Y there are a number of pos-
sible T -length label-to-frame sequences Z = {zt ∈ VM ∪ VE ∪ {∅}|t = 1 . . . T}, where
∅ denotes a blank symbol as in Connectionist Temporal Classification (CTC) (Graves et al.,
2006) or RNN-T (Graves, 2012a). Further consider that for each bilingual Z there are two cor-
responding monolingual label-to-frame sequences ZM = {zMt ∈ VM ∪ {∅}|t = 1 . . . T} and
ZE = {zEt ∈ VE ∪ {∅}|t = 1 . . . T}. The label posterior, p(Y |X), can thus be represented in
terms of bilingual, p(Z|X), and monolingual, p(ZM |X) and p(ZE|X), label-to-frame posteriors
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as follows:

p(Y |X) =
∑

Z∈Z

∑

ZM∈ZM

∑

ZE∈ZE

p(Z,ZM , ZE|X) (4.1)

whereZ andZM/E denote sets of all possible bilingual and monolingual label-to-frame alignments
for a given Y . Eq. equation 4.1 is the exact joint bilingual and monolingual ASR likelihood which
can be further factorized using independence assumptions to obtain the form:

p(Y |X) ≈
∑

Z

p(Z|ZM , ZE)

︸ ︷︷ ︸
Bilingual Posterior

∑

ZM

p(ZM |X)
∑

ZE

p(ZE|X)

︸ ︷︷ ︸
Monolingual Posteriors

(4.2)

From Eq. equation 4.1 to Eq. equation 4.2, the first assumption is that given ZM and ZE , no
other information from the observation X is required to determine Z, allowing for conditional
modeling of the bilingual posterior p(Z|ZM , ZE,��X) given only monolingual information. The
second assumption is that given X , ZM and ZE are independent, allowing for separate modeling of
monolingual posteriors p(ZM |��ZE, X) and p(ZE|���ZM , X). Note we abbreviate this pair of separate
monolingual modules as p(ZM/E|X) in future sections.

Modeling p(ZM/E|X) with Language Segmentation

What should be the behavior of the monolingual Mandarin module p(ZM |X) when encountering
a segment of English speech and vice versa? Monolingual modules in prior works (Yan et al.,
2022c; Tian et al., 2022; Song et al., 2022) determine each label-to-frame alignment zM/E

t by first
determining the language identity of each speech frame LID(xt) (Liu et al., 2021). If the speech
frame xt is from a foreign language then the module will ignore it by emitting a special NULL

token, otherwise it will transcribe using its monolingual vocabulary. This monolingual language
segmentation decision is defined as follows (shown for Mandarin):

zMt =

{
argmaxm∈VM∪{∅} p(z

M
t = m|X, zM1:t−1) if LID(xt) is M

argmaxm∈{NULL,∅} p(z
M
t = m|X, zM1:t−1) if LID(xt) is E

(4.3)

Note that the frame-wise LID(xt) is not a separate module, but rather an implicit decision within
the posterior maximization over the NULL augmented monolingual label-to-frame alignments
ZM/E = {zM/E

t ∈ VM/E ∪ {∅, NULL}|t = 1 . . . T}. This language segmentation behavior is
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learned by optimizing likelihoods of NULL masked label targets Y M
SEG and Y E

SEG (e.g. in Figure 4.1).
It follows that the bilingual p(Z|ZM , ZE) (Eq. equation 4.2) behaves as:

zt =





m if m ∈ VM ∧ e = NULL

e if e ∈ VE ∧m = NULL

b otherwise

(4.4)

where m and e are the arguments maximizing p(zMt |X, zM1:t−1) and p(zEt |X, zE1:t−1) respectively
and b is the argument maximizing p(zt|ZM , ZE, z1:t−1). If either monolingual module predicts
a CS point by emitting NULL then the bilingual module defaults to the prediction of the other
monolingual module – in other words, the first two cases of Eq. equation 4.4 expect that the lan-
guage segmentation in Eq. equation 4.3 is mistake-free. The third fall-back case is considered for
ambiguous language segmentation, such as if m and e are both NULL or both non NULL. This
case-by-case bilingual decision is an adverse design for our zero-shot objective – models are likely
to become over-reliant on the first two cases during training. Language segmentation while train-
ing on purely monolingual utterances boils down to an over-simplified utterance-level language
identification task which may not generalize to intra-sententially CS test utterances. If CS point
detection is expected to be tricky, then a more robust strategy should always expect ambiguous
monolingual inputs to the final bilingual decision as in the third case of Eq. equation 4.4.

4.3 Proposed Framework

In this section, we propose to completely remove language segmentation from monolingual mod-
ules using a transliteration-based formulation of p(ZM/E|X). We then present a neural model of
our modified conditionally factorized approach for zero-shot CS ASR.

Modeling p(ZM/E|X) with Transliteration

Rather than detecting CS points at the monolingual stage in order to know which speech segments
to transcribe vs. which to ignore, we propose to simply allow each monolingual module to tran-
scribe everything. This means that for speech of a foreign language the monolingual modules are
producing transliterations, mapping sounds to phonetically similar units within their monolingual
vocabularies VM and VE . In other words, the monolingual modules simplify from Eq. equation 4.3
to the following form (shown for Mandarin):

zMt = argmax
m∈VM∪{∅}

p(zMt = m|X, zM1:t−1) (4.5)
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where the speech X may contain any language. This form completely removes any sense of frame-
wise language identity LID(xt).

To see why this modification is advantageous for zero-shot CS ASR, consider the correspond-
ing change to the bilingual module:

zt = argmax
b∈VM∪VE∪{∅}

p(zt = b|ZM , ZE, z1:t−1) (4.6)

Note that this new bilingual form in Eq. equation 4.6 never defaults to the prediction of one mono-
lingual module as in the first two cases of the previously proposed bilingual form in Eq. equa-
tion 4.4, reducing the risk of propagating errors made in the monolingual stage. In other words,
the bilingual decision now determines each zt by directly considering the conditional likelihood
p(zt|ZM , ZE, z1:t−1) (Eq. equation 4.2). This modification effectively delays CS point detection
from the monolingual stage (where we would have to simultaneously transcribe and perform frame-
wise language identification per §4.2), to the bilingual stage (where transcription information is
already given).

To train monolingual modules to transliterate speech segments of a foreign language, we obtain
transliteration targets Y M

TRA and Y E
TRA using cross-lingual pseudo-labeling.1 For instance, we pass

monolingual English speech XM to a monolingual Mandarin ASR model ASRM(·) for inference
and vice versa as follows (e.g. in Figure 4.1):

Y M
TRA ← ASRM(XE) (4.7)

Y E
TRA ← ASRE(XM) (4.8)

where ASRM/E(·) denote generic label-to-frame models – if we use the same architecture for
pseudo-labeling as we do for our monolingual modules then these transliteration targets are cross-
lingual semi-supervisions (Jyothi and Hasegawa-Johnson, 2015; Thomas et al., 2020; Billa, 2021;
Lugosch et al., 2022).2 Swapping the language segmentation targets Y M

SEG and Y E
SEG (§4.2) for

these transliteration targets Y M
TRA and Y E

TRA is the only modification required to realize our desired
monolingual and bilingual module behaviors in Eq. equation 4.5 and equation 4.6.

Conditional CTC with External LM Architecture

Finally, let us consider how to construct a neural architecture for our modified conditionally factor-
ized framework. Monolingual and bilingual label-to-frame posteriors (§4.2) may be modeled using
1Unlike text-based transliteration (Knight and Graehl, 1998), pseudo-labeling relies solely on the resources presumed
to be available in our zero-shot CS ASR settings.

2We can apply transliteration to CS speech by stitching predictions corresponding to forced aligned (Kürzinger et al.,
2020) foreign segments between true native targets.
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CTC or RNN-T networks as demonstrated by prior works (Yan et al., 2022c; Tian et al., 2022; Song
et al., 2022). However for zero-shot CS ASR, the conditional independence assumption of CTC
vs. the internal language modeling of RNN-T is a critical difference. A RNN-T based model may
require internal language model (LM) adaptation (Graves, 2012a; Meng et al., 2021; Zhou et al.,
2022b) to alleviate monolingual biases while a CTC based model can be directly applied to CS test
sets with optional shallow external LM fusion (Hannun et al., 2014).

We therefore model monolingual, p(ZM |X) and p(ZE|X), and bilingual likelihoods, p(Z|ZM , ZE),
using CTC networks, PM_CTC(·), PE_CTC(·), and PB_CTC(·), as follows:

PM_CTC(z
M
t |X,���zM1:t−1) = SOFTMAXOUTM(hM

t ) (4.9)

PE_CTC(z
E
t |X,���zE1:t−1) = SOFTMAXOUTE(hE

t ) (4.10)

PB_CTC(zt|hM ,hE,���z1:t−1) = SOFTMAXOUTB(hM
t + hE

t ) (4.11)

where speech encoders, ENCODERM and ENCODERE , map the speech signal, X , to latent mono-
lingual representations, hM = {hM

t ∈ RD|t = 1, ..., T} and hE = {hE
t ∈ RD|t = 1, ..., T}

followed by softmax normalized linear projections to monolingual or bilingual vocabularies. Then
addition fusion yields a bilingual latent representation which is finally fed to the bilingual CTC.
These three CTC networks are jointly optimized with an interpolated multi-task objective: L =

λ1LB_CTC + (1− λ1)(LM_CTC + LE_CTC)/2.
During decoding, we first merge all CTC likelihoods, PM_CTC(·), PE_CTC(·), and PB_CTC(·),

following the interpolation procedure described in Eq. (6) of (Song et al., 2022); we denote this
merged CTC likelihood as PCTC(Z|X). We then jointly decode PCTC(·) with an external bilingual
LM, PB_LM(Y ), using the time-synchronous beam search described in (Hannun et al., 2014), which
approximates the following decision:

argmax
Y ∈{VM∪VE}∗

λ2(
∏

Z∈Z
logPCTC(·)) + (1− λ2) logPB_LM(·) (4.12)

where {VM ∪ VE}∗ denotes the set of all possible bilingual outputs.3 This architecture, which
we refer to as Conditional CTC, is depicted by the block-diagram in Figure 4.2. The monolingual
modules of these Conditional CTC models can perform either language segmentation (§4.2) or
transliteration (§4.3) depending on which set of monolingual targets (e.g. Figure 4.1) is used
during training. For transliteration, we obtain Y M

TRA and Y E
TRA (Eq. equation 4.7 and equation 4.8)

by greedily decoding monolingual CTC models (Eq. equation 4.9 and equation 4.10) and then
applying repeat and blank removal.

3For language segmentation variants of Conditional CTC, we do not expand hypotheses with the special NULL token
to avoid corrupt outputs.
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Figure 4.2: Conditional CTC architecture consisting of monolingual and bilingual CTC’s plus an
external bilingual LM. Red lines indicate joint decoding via time-synchronous beam search.

4.4 Data and Experimental Setup

Data: We apply 0.9 and 1.1 speed perturbations to up-sample SEAME (Lyu et al., 2010) training
data by 3x, resulting in 291h of total labeled speech data. We then split the training data into
CS and monolingual (Mandarin + English) parts to create two zero-shot settings. The first setting
allows 87h of monolingual labeled speech data (for ASR training) and 89k lines of unpaired CS
or monolingual text data (for LM training). The second fully zero-shot setting further removes the
CS unpaired text data, leaving 39k lines of unpaired monolingual text data. Both settings remove
204h of CS labeled speech data. Monolingual CTC’s trained on the English and Mandarin only
SEAME splits were used for cross-lingual pseudo-labeling (§4.3).
Models: Models are trained using ESPnet (Watanabe et al., 2018). We combine 4000 Mandarin
characters with 4000 English BPE (Sennrich et al., 2016) units to form the output vocabulary.
Conditional CTC models have 2 conformer encoders (Gulati et al., 2020; Guo et al., 2021) with
12 blocks, 4 heads, 15 kernel size, 2048 feed-forward dim, 256 and attention dim. Vanilla CTC
baselines with only 1 encoder use 512 attention dim, so all models have about 80M parameters.
All models are initialized with encoder(s) pre-trained on 150h of Mandarin AISHELL-1 (Bu et al.,
2017) and/or 118h of English TED-LIUM-v1 (Rousseau et al., 2012). We set λ1 = 0.7 (§4.3)
during training for 40 epochs. We set λ2 = 0.8 (§4.3) during decoding with beam 10. We use
RNN-LMs with 4 layers and 2048 dim trained for 20 epochs.
Evaluation: Systems are evaluated on the full SEAME test sets (devman and devsge) and also
scored individually on the CS and monolingual portions of these sets. We measure mixed error-
rate (MER) that considers word-level English and character-level Mandarin.
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Table 4.1: Results comparing Conditional CTC models with transliteration-based monolingual
modules to their language segmentation counterparts and Vanilla CTC baselines. The 1st hori-
zontal partition shows top-line results when CS ASR training data is available. The 2nd and 3rd
partitions show zero-shot results when only monolingual ASR training data is available. Perfor-
mances on the full, CS only, and monolingual only splits of the SEAME test sets are measured by
% mixed error rate (MER ↓). All models use CTC + LM decoding.

ASR LM DEVMAN DEVSGE

ID Model Monolingual Behavior Data Data Full CS M Full CS M

A1 Vanilla CTC No Monolingual Modules CS + M CS + M 18.8 18.2 21.5 26.2 23.7 29.8
A2 Conditional CTC Language Segmentation CS + M CS + M 17.1 16.5 19.9 23.5 21.4 26.5
A3 Conditional CTC (Ours) Transliteration CS + M CS + M 17.3 16.9 19.1 24.0 22.1 26.7

B1 Vanilla CTC No Monolingual Modules M CS + M 36.6 38.9 27.0 42.5 47.0 36.1
B2 Conditional CTC Language Segmentation M CS + M 30.1 32.0 22.0 35.7 39.7 30.1
B3 Conditional CTC (Ours) Transliteration M CS + M 25.2 26.0 21.9 31.0 31.5 30.2

C1 Vanilla CTC No Monolingual Modules M M 39.1 41.6 28.4 44.8 50.0 37.3
C2 Conditional CTC Language Segmentation M M 32.2 34.4 23.0 37.8 42.6 31.1
C3 Conditional CTC (Ours) Transliteration M M 27.3 28.5 22.6 32.7 34.0 30.8

4.5 Results

Table 4.1 presents results in three horizontal partitions where 1) all SEAME training data is allowed
2) CS speech data is removed and 3) CS speech and text data are removed; the latter two settings
emulate practical zero-shot scenarios. When CS speech data is available, language segmentation
is reliable and thus the transliteration-based method is not necessary (A2 vs. A3). However, once
CS speech data is removed the language segmentation approach degrades 13 absolute MER on
both full test sets; as a result the transliteration approach outperforms by 5 absolute MER, a wide
margin, owing primarily to superior performance on CS utterances (B2 vs. B3). When CS text
data is also removed both variants of Conditional CTC degrade only by an additional 2 absolute
MER and the gap between remains (C2 vs. C3). In all three data settings both Conditional CTC
models outperform Vanilla CTC baselines.

Ablations on the Conditional CTC Model

Our Conditional CTC models consist of three types of modules: monolingual CTC’s (PM_CTC

and PE_CTC), bilingual CTC (PB_CTC), and bilingual LM (PB_LM). In Table 4.2, we examine the
relative contributions of these modules by removing each from model B3 of Table 4.1 during joint
decoding (described in §4.3). Removing the bilingual LM (line 2) degrades performance more
than removing the bilingual CTC (line 5), showing the importance of utilizing CS textual data
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Table 4.2: Ablation study examining the relative importance of monolingual CTC, bilingual CTC,
and bilingual LM modules during decoding as measured by % mixed error rate (MER ↓) on the
devman test set. Bilingual modules are shown in blue and the most severely degraded combination
(with no bilingual modules) is bolded.

# Model Decoding Likelihoods MER(↓)
1 Cond. CTC w/ Trans. PM_CTC, PE_CTC, PB_CTC, PB_LM 25.2
2 − Bilingual LM PM_CTC, PE_CTC, PB_CTC 27.4
3 −Monolingual CTCs PB_CTC, PB_LM 25.7
4 − Bilingual LM PB_CTC 27.9
5 − Bilingual CTC PM_CTC, PE_CTC, PB_LM 26.0
6 − Bilingual LM PM_CTC, PE_CTC 48.1

when available. Further, note that monolingual CTCs do contribute (line 3), but are insufficient
on their own (line 6). Finally, the fact performance is still reasonable without the bilingual CTC
(line 5) suggests that separately trained monolingual CTCs may be directly applied to CS ASR if
a CS LM is available – this direction may offer a high degree of scalability towards the long-tail of
possible CS pairs and towards CS between three or more languages.

Relaxing the Zero-Shot Setting

How much CS ASR training data do we need for the originally proposed language segmentation
method (§4.2) to be sufficient? The answer depends on the proximity of the particular language
pair and characteristics of the dataset being used, but in our experimental setup we find that the
answer is 2h of CS speech data (see Figure 4.3). The decreasing effectiveness of our transliteration
method for increasing amounts of CS ASR training data suggests that the cross-lingual pseudo-
labels are noisy to a degree. Future investigations into improving pseudo-labeling quality (e.g.
via constrained decoding) may benefit this work and other related techniques which employ cross-
lingual semi-supervision (Jyothi and Hasegawa-Johnson, 2015; Thomas et al., 2020; Billa, 2021;
Lugosch et al., 2022).

4.6 Conclusion

We identify that the promising conditionally factorized joint CS and monolingual ASR framework
has an acute weakness which limits its applicability to zero-shot CS ASR; the original formulation
expects that each monolingual module can cleanly transcribe native speech while ignoring foreign
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Figure 4.3: Analysis on the amount of CS ASR training data required for conditional CTC with
language segmentation to outperform conditional CTC with transliteration. MER(↓) on devman is
shown.

speech. We propose a simple modification via cross-lingual pseudo-labeling to allow the monolin-
gual modules to instead produce transliterations of foreign speech, thereby avoiding error propa-
gation of frame-wise LID decisions. We demonstrate the effectiveness of our transliteration-based
method using Conditional CTC models deployed for zero-shot Mandarin-English CS ASR. In
future work, we will extend to other languages, scale beyond bilingualism, and refine our pseudo-
labeling technique.

We’ve now established the efficacy of parallel, temporal multi-sequence modeling for bilingual
and code-switched speech recognition. Next, we examine code-switching on a larger scale of
languages.
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Chapter 5

CS-FLEURS: 100 Language Pair
Code-Switched Speech Recognition
Benchmark

Summary

In this chapter we present CS-FLEURS, a new dataset for developing and evaluating code-switched
speech recognition and translation systems beyond high-resourced languages. CS-FLEURS con-
sists of 4 test sets which cover in total 113 unique code-switched language pairs across 52 lan-
guages: 1) a 14 X-English language pair set with real voices reading synthetically generated code-
switched sentences, 2) a 16 X-English language pair set with generative text-to-speech 3) a 60
{Arabic, Mandarin, Hindi, Spanish}-X language pair set with the generative text-to-speech, and 4)
a 45 X-English lower-resourced language pair test set with concatenative text-to-speech. Besides
the four test sets, CS-FLEURS also provides a training set with 128 hours of generative text-to-
speech data across 16 X-English language pairs. Our hope is that CS-FLEURS helps to broaden
the scope of future code-switched speech research.

5.1 Introduction

In the current era of massively multilingual speech processing, practitioners are developing and
evaluating systems on hundreds of languages (Li et al., 2022b; Radford et al., 2023; Zhang et al.,
2023; Peng et al., 2024; Pratap et al., 2024). This increasingly global impact is due in large part to
dataset construction efforts, which have enabled pre-training on raw untranscribed speech (Kahn
et al., 2020; Wang et al., 2021) and supervised training on transcribed or pseudo-labeled speech
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(Panayotov et al., 2015; Pratap et al., 2020b; Ardila et al., 2020; Li et al., 2023b), as well as broad
benchmarking on standardized evaluation sets across many languages (Shi et al., 2023; Conneau
et al., 2023). However, these data resources are collections of predominately monolingual utter-
ances - we currently lack broad code-switched speech data, where utterances consist of more than
one language.

Despite its prevalence in multilingual communities, conversational code-switched speech is
particularly challenging to collect at scale. Unlike monolingual data, which can be sourced from
a wide range of speakers, code-switched speech requires bilingual or multilingual speakers who
naturally mix languages in conversation (Auer, 2013). Additionally, code-switching tends to occur
sporadically and unpredictably, making it difficult to capture in large, curated datasets. Even when
data is available, standardizing it across language pairs presents another challenge. These factors
make it difficult to create a single, broadly representative dataset of code-switched speech; instead,
practitioners have focused on constructing dedicated corpora for their particular communities of
interest (Deuchar et al., 2014; Lyu et al., 2010; van der Westhuizen and Niesler, 2018; Chowdhury
et al., 2021; Diwan et al., 2021a; Hamed et al., 2022; Ugan et al., 2024).

In this work, we take an alternative approach: rather than relying on the collection of natural
conversational code-switched speech, we use a combination of read speech and synthetic speech
over synthetically generated code-switched text. Although our approach does not capture code-
switched speech that occurs in conversation, we are able to use (1) standard code-switching
patterns, (2) a standard textual domain, and (3) a standard audio domain across language
pairs. By controlling for these naturally occurring variations when constructing the dataset, we can
then ask: how do models perform on code-switched speech across different language pairs?

We present CS-FLEURS: a massively multilingual and code-switched ASR and ST dataset
consisting of 52 languages and 113 unique code-switched pairs across three subsets:

• CS-FLEURS-READ: 14 X-English pairs, read speech

• CS-FLEURS-XTTS: 76 pairs across 17 langs, generative TTS

• CS-FLEURS-MMS: 45 X-English pairs, concatenative TTS

To the best of our knowledge, this is the broadest single collection of code-switched speech data
both in terms of languages covered and number of unique code-switched pairs.

This dataset supports model benchmarking across 113 diverse pairs and model training across
16 X-English pairs. Figure 5.1 illustrates the language coverage and Table 5.1 summarizes the
dataset with comparison to other code-switched corpora. In addition to the dataset, this work also
describes several empirical findings. First, we show that Whisper (Radford et al., 2023) struggles
with transcribing code-switched speech, especially for language pairs with distinct scripts. How-
ever, we also show that Whisper is relatively robust at translating code-switched speech to English,
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Figure 5.1: Illustration of where the 52 languages covered by CS-FLEURS are spoken around the
world.

Table 5.1: CS-FLEURS vs other code-switched speech corpora.

Dataset Langs CS-Pairs Domain Speech Type Hours

ArzEn (Hamed et al., 2022) 2 1 Conversation Spontaneous 12
Bangor Miami (Deuchar et al., 2014) 2 1 Conversation Spontaneous 35
SEAME (Lyu et al., 2010) 2 1 Conversation Spontaneous 192
ESCWA (Chowdhury et al., 2021) 3 2 Conversation Spontaneous 3
MUCS (Diwan et al., 2021a) 3 2 Lecture Structured 160
Soapies (van der Westhuizen and Niesler, 2018) 5 4 TV Scripted 14

CS-FLEURS 52 113 Wikipedia Read/Synthetic 294

suggesting that code-switched ST is an easier task than ASR. Finally, we show that synthesizing
code-switched speech data is an effective form of training data augmentation, improving model
performance on both seen and unseen language pairs.

5.2 Dataset

CS-FLEURS builds upon a line of prior works. The FLoRes-101 dataset (Goyal et al., 2022) con-
sists of 3001 sentences from English Wikipedia translated in 101 languages by human translators.
Then, the FLEURS dataset (Conneau et al., 2023) took 2009 of those sentences from FLoReS-101
and recorded read speech in 102 languages with three speakers per language. Now, CS-FLEURS
takes the 2009 utterances from FLEURS to generate code-switched text and speech across 113
language pairs, keeping the same train/dev/test splits from FLEURS.
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Table 5.2: The 113 code-switched language pairs covered.

CS-Pairs Matrix Embedded Read XTTS MMS

7
ara deu fra hin

por rus spa
eng ✓ ✓ ✓

5
ces cmn ita jpn

kor
eng ✓ ✓

2 slk tel eng ✓
3 nld pol tur eng ✓ ✓
1 hun eng ✓

60 ara cmn hin spa

ara fra deu ita por
pol tur rus nld

ces spa cmn jpn
hun kor hin

✓

35

ben bul cat ceb
cym ell fin guj
heb hun ind isl
jav kan kaz kir
lav lug mal mar

mya pan ron swe
swh tam tel tgk
tgl tha ukr urd
uzb yor zlm

eng ✓

We follow the Matrix Language-Frame model (Myers-Scotton, 1997); for each code-switched
pair, one language, referred to as Matrix, provides grammatical structure while a second language,
referred to as Embedded, provides words or morphological units that are inserted within the sen-
tence. We refer to language pairs as Matrix-Embedded; for instance, Mandarin-English refers to
a Mandarin matrix sentence with English words embedded. Table 5.2 shows a breakdown of the
code-switched language pairs covered by CS-FLEURS across the CS-FLEURS-READ, CS-FLEURS-
XTTS, and CS-FLEURS-MMS subsets. Table 5.3 provides additional summary statistics.
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Table 5.3: Summary statistics for CS-FLEURS.

READ XTTS MMS
Statistic Test Train Dev Test1 Test2 Test

Duration (hours) 17 128 15 36 42 56
Tokens (words) 128k 889k 105k 257k 300k 315k
Matrix Langs 14 16 16 16 4 45
Embedded Langs 1 1 1 1 15 1
Total CS Pairs 14 16 16 16 60 45
Same-Script Pairs 7 10 10 10 9 22
Distinct-Script Pairs 7 6 6 6 51 23

Collecting Read Speech Across 14 Language Pairs

CS-FLEURS-READ consists of read speech from bilingual speakers across 14 X-English language
pairs (1-4 speakers per language pair, 2:1 M:F ratio overall). CS-FLEURS-READ is generated using
the test set of FLEURS and is intended for model benchmarking. As such, this set has been human
validated. In terms of language coverage, the limiting factor for constructing this set was the
availability of bilingual readers. Finally, in this set we regard the 14 non-English languages as
Matrix and English as Embedded.

Generating accurate and fluent code-switched text

We use a large language model (LLM) backbone for generating code-switched text for CS-FLEURS-
READ. Specifically, by utilizing X-English parallel monolingual sentences from FLEURS test set,
we prompt GPT-4o (Hurst et al., 2024) to generate the equivalent code-switched sentences in three
different manners:

• GPT-Base: feeding only the paired monolingual sentences

• GPT-EC: feeding paired monolingual sentences and a set of valid English words to be em-
bedded, determined by the Equivalence Constraint theory (Poplack, 1980) so as not to violate
the syntactic rules of both languages, as implemented in (Kuwanto et al., 2024)

• GPT-Pred: feeding paired monolingual sentences and a set of valid English words to be
embedded, determined by a predictive model (Hamed et al., 2023), which given an English
sentence, predicts the plausible English words to be embedded in a corresponding code-
switched sentence
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Table 5.4: The prompt consists of three main parts: (1) task description and the paired monolingual
sentences to be synthesized (outlined in black); (2) the set of valid English words in the case of
GPT-EC and GPT-Pred (outlined in blue); and (3) morphological code-switching example in the
case of languages where this type of switching is common (outlined in purple).

You are a bilingual Spanish-English speaker, you will help translate Spanish and English sentences into a code-mixed
sentence. The code-mixed sentence should contain words from both languages, each written in the correct language
script. We will provide you with both Spanish and English sentences in addition to some English keywords that need
to be present in the produced code-mixed sentence.
You need to produce morphological code-switching when appropriate to achieve better fluency. The following is an
example:
Spanish: Mi amigo se enojó cuando le revelaron el final de la película.
English: My friend freaked out when someone spoiled the end of the movie. English keywords: freak out, spoiled
A fluent code-mixed sentence would be: Mi amigo se frickeo cuando le spoilearon el final de la película.
Please produce the code-mixed sentence for the following:
Spanish sentence: {Spanish_sentence}
English sentence: {English_sentence}
English keywords: {English_keywords}
Only provide the code-mixed sentence without explanation or extra text.

Table 5.4 shows an example of a full prompt for a given sentence pair. GPT-EC and GPT-Pred
prompts include English keywords for embedding into the matrix language. Further, to encourage
morphological code-switching, where more than one language occurs within the same word, we
prompt GPT-4o with an in-context example, as illustrated in the table. 10 out of 14 languages were
prompted as such.1

The resultant generations are not guaranteed to be (1) code-switched, (2) accurate, preserving
the meaning of the original monolingual sentences, or (3) fluent, plausibly produced by a human.
We ask our bilingual readers to reject sentences which are not code-switched or not accurate. Sen-
tences are not rejected on fluency, but we collect ratings from 0-2, with 0 indicating unnaturalness,
1 indicating somewhat natural, and 2 indicating perfect naturalness.

As shown in Table 5.5, the reject rate was fairly consistent across the different prompts. In
terms of fluency, GPT-Pred scored highest while GPT-EC was lowest; this result correlates with
the frequency of switching, as measured by the Code-Mixing Index (CMI) (Gambäck and Das,
2014). We also noted that GPT-EC embeds function words a high rate, which bilingual readers
found to be rather unnatural. GPT-Pred on the other hand primarily embeds content words, which
resulted in over over 80% of generations to be rated somewhat or perfectly natural.

110 w/ morphological example: ara, ces, deu, ita, kor, por, rus, slk, spa, tel, tam; 4 w/o: cmn, fra, hin, jpn
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Table 5.5: Human validation on LLM-generated code-switched text across 14 X-English pairs.
CMI=Code-Mixing Index.

Fluency
Prompt Reject(%) 0(%) 1(%) 2(%) Avg CMI

GPT-Base 8.54 31.66 25.44 34.36 1.03 25.50
GPT-EC 12.15 44.71 21.22 21.92 0.74 30.98
GPT-Pred 11.76 19.26 25.25 43.73 1.28 21.05

Reading and recording code-switched speech

To facilitate the collection of read speech, we developed an open-source toolkit.2 We distributed
generated code-switched text to 21 bilingual readers. For each sentence, we randomly selected one
of the three aforementioned prompts, standardizing the selection across all language pairs. The
bilingual readers were provided with the monolingual references along with the code-switched
sentences. They were instructed to 1) verify that the sentence is indeed code-switched, 2) the sen-
tence has the same general meaning as the monolingual reference, 3) read and record the sentence,
and 4) rate the fluency of the sentence. Recordings were then validated by a human listener.

Synthesizing Speech Across 111 Language Pairs

Next, we describe two synthetic speech sets designed to complement CS-FLEURS-READ by cover-
ing additional language pairs and providing code-switched training data.

CS-FLEURS-XTTS consists of synthetic speech from the XTTS-v2 model (Casanova et al.,
2024), which supports 17 languages, across 16 X-English language pairs as well as 60 non-English
language pairs (15 Arabic-X, 15 Hindi-X, 15 Mandarin-X, 15 Spanish-X). For the 16 X-English
language pairs, we generate train, dev, and test sets, regarding the 16 non-English languages as
matrix and English as embedded — 12 of these language pairs overlap with CS-FLEURS-READ.
The 60 non-English language pairs are test-only and we regard Arabic, Hindi, Mandarin, or Span-
ish as the matrix and the other language as embedded — none of these language pairs overlap with
the other two subsets.

CS-FLEURS-MMS consists of synthetic speech from MMS TTS models (Pratap et al., 2024)
across 45 X-English language pairs, many of which are lower-resourced — only 10 of these lan-
guage pairs overlap with the other two subsets. This set is test-only and we regard the non-English
languages as matrix.

2Toolkit reference redacted for anonymity
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Table 5.6: Comparison of the code-switching frequency, as measured by Code-Mixing Index
(CMI), of text generated by LLM prompts and align-then-swap (Swap) across 12 X-English lan-
guage pairs. M=Mean; SD=Standard Deviation.

Type ara ces cmn deu fra hin ita jpn kor por rus spa M SD

LLM 12.3 30.4 24.1 27.8 36.0 18.5 37.0 18.5 7.0 37.2 17.7 39.8 25.5 10.8
Swap 20.4 20.1 14.11 16.8 15.0 13.6 16.8 11.2 25.9 17.0 20.6 15.5 17.2 4.0

Both sets are not human validated due to lack of bilingual speakers. Instead, we use language-
universal forced alignment to filter low quality generations.

Cheaply and flexibly generating code-switched text

While the LLM backbone described in §5.2 can generate natural and morphologically rich code-
switching, there are also a number of drawbacks which limit scalability aside from the high com-
putational (or API) cost. The LLM-based methods required human validation to rejected around
10% of the sentences across 14 X-English language pairs; it is reasonable to expect a higher reject
rate for lower resourced languages.

Further, we found that the LLM-based methods produced a wide range of code-switching fre-
quency, as measured by CMI (Gambäck and Das, 2014), across language pairs. This variance is
shown in the first line of Table 5.6: the standard deviation of the CMI across 12 language pairs
in the human validated CS-FLEURS-READ is 10.8. We therefore opt for a more simple and rigid
method for generating the code-switched text in CS-FLEURS-XTTS and CS-FLEURS-MMS, referred
to as align-then-swap.

The align-then-swap procedure is simple. We first obtain word-level alignment using Awe-
someAlign (Dou and Neubig, 2021), a 104 language mBERT model (Devlin et al., 2019) fine-tuned
towards word alignment objectives using parallel text across five language pairs. Notably, Awe-
someAlign generalizes to other languages that were part of the mBERT pre-training but unseen
during the word alignment fine-tuning stage (Dou and Neubig, 2021). Next we randomly select
30% nouns, verbs, abverbs, and adjectives, tagged using Stanza (Qi et al., 2020), to be swapped
with the aligned embedded language words.

Additionally, we take care of one-to-many word alignments (matrix-to-embedded) by inserting
words in the order that they originally appeared in the monolingual embedded language sentence.
We also take care of character-based languages (Mandarin and Japanese) by first re-segmenting to
words using Stanza (Qi et al., 2020); Korean text in FLEURS was already word segmented, so this
extra step was not necessary.
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As shown in Table 5.6, the resultant CMI from align-then-swap (Swap) is more consistent
across language pairs than its LLM-based counterpart: the standard deviation is only 4.0, which is
60% lower. This simpler, yet more consistent, method of generating code-switched text is therefore
preferable for the long tail of lower resourced languages and rare language pairs.

Generative code-switched synthesis with XTTS

XTTS-v2 (Casanova et al., 2024) is a multilingually trained TTS model based on a GPT-2 encoder
that predicts VQ-VAE units which then latently condition a HiFi-GAN decoder. The model was
trained on 17 languages, which are distinguished by appending a language ID token (e.g. [en]) at
the start of textual inputs. XTTS-v2 also incorporates a voice conversion component by condition-
ing both the GPT-2 encoder and VQ-VAE decoder on speaker information; in practice only single
utterance from the target speaker is necessary to enable voice conversion.

To synthesize code-switched speech using XTTS-v2, we feed generated code-switched text to
the model with the matrix language ID token.3 Mandarin, Japanese, and Korean text is romanized,
in the same manner as the original XTTS-v2 training. We use a matrix language speaker from the
FLEURS dataset for the voice conversion component. XTTS-v2 produces 24khz speech, which
we then down-sample to 16khz.

Concatenative code-switched synthesis with MMS-TTS

To cover additional language pairs, we use a concatenative approach that generates monolingual
TTS in segments using MMS-TTS (Pratap et al., 2024). We concatenate the monolingual segments,
inserting 100ms of silence in between. Since MMS-TTS is a single-speaker VITS style model,
the resulting concatenated code-switched speech contains unnatural artifacts and speaker changes;
however the content is correct. Unlike the XTTS-v2 outputs, MMS-TTS outputs do not contain
any accented speech.

Universal forced alignment filtering

To perform quality control, we use a universal forced alignment model, MMS-ZS (Zhao et al.,
2024), which was trained to align speech in thousands of languages to romanized text - this model
provides a language-universal measure of intelligibility. Utterances with the 5% lowest length-
normalized forced alignment score (FAS) are filtered within each language pair.

In Table 5.7, we report the average FAS of the filtered vs accepted portions of XTTS-TEST1
and MMS-TEST, along with Whisper-Large-v3 (Radford et al., 2023) character error rate (CER),

3We found anecdotally that the synthesized speech of the embedded language contains elements of native-language
influence from the matrix language, as in human accented speech.
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Table 5.7: Comparison of the filtered vs accepted synthetic speech. Filtering was done by forced
alignment score (FAS).

XTTS-TEST1 MMS-TEST

Subset FAS↑ CER↓ UTMOS↑ SCD↓ FAS↑ CER↓ UTMOS↑ SCD↓
Filtered -0.68 32.95 2.46 1.12 -0.96 43.10 3.02 1.90
Accepted -0.26 18.46 2.64 1.07 -0.47 40.07 3.04 1.87

the UTMOS (1-5) (Saeki et al., 2022) automatic naturalness metric, and the number of speakers
changes identified by the Pyannote-3.1 (Bredin, 2023) diarization model (SCD). For XTTS-TEST1,
filtering has a large effect on Whisper CER and a moderate effect on UTMOS, indicating that
the generative synthesis method is prone to producing unintelligible and unnatural speech. On the
other hand for MMS-TEST, filtering has less effect on CER and UTMOS, indicating that concatena-
tive synthesis is less error prone; however, SCD shows that this method results in frequent speaker
changes.

5.3 Experiments

In this section, we describe several empirical findings based on CS-FLEURS. For ASR, we mea-
sure case insensitive and unpunctuated character error rate (CER). For ST (to English), we measure
case insensitive and unpunctuated BLEU (Post, 2018).

Benchmarking

How does Whisper perform on code-switched speech as compared to monolingual speech? To
answer this, we compare ASR and ST (to English) performance on each CS-FLEURS test set with
two monolingual control sets consisting of monolingual speech from all matrix languages in each
respective CS-FLEURS set: 1) the original FLEURS and 2) a TTS version of FLEURS, which
is monolingual. The latter, referred to as TTS FLEURS, allows us to compare results on TTS-
based code-switched speech with the matching TTS-based monolingual speech, eliminating the
possibility that Whisper simply is not robust to XTTS or MMS-TTS speech.

As shown in Figure 5.2, ASR CER is over 2x higher on CS-FLEURS than the original mono-
lingual FLEURS - this degradation is largest on the non-English language pair set (XTTS-TEST2).
However, the discrepancy between ST performance on monolingual and code-switched speech is
low for XTTS and MMS sets. Further, Whisper actually performs better on READ-TEST than the
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Figure 5.2: Whisper-Large-v3 ASR (CER↓) and ST to English (BLEU↑) on CS-FLEURS test sets
(blue). Performance on two monolingual control sets are shown for comparison (gray).

Table 5.8: Comparison of Whisper-Large-v3 ASR (CER↓) performance on same-script vs distinct-
script language pairs.

READ XTTS MMS
CS Pair Type Test Test1 Test2 Test

Same Script 7.32 8.49 9.92 28.26
Distinct Script 32.33 37.17 40.67 51.62

original FLEURS - this can be attributed to the high rate of X-English code-switching (see Ta-
ble 5.6). These results indicate that directly translating code-switched speech is less erroneous
than relying on transcription, although we leave benchmarking ST for non-English targets to
future work.

How does Whisper perform on code-switched speech across different language pairs? As
shown in Table 5.8, performance on distinct-script language pairs is significantly worse than same-
script language pairs - on average CER is 3x higher. These results suggest that code-switched
ASR performance is limited by the ability to interchangeably produce two distinct scripts
within a single utterance-level decoding.
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Table 5.9: Results on the effect of training data augmentation.

Data FLEURS CS-FLEURS-READ

Augment 12 Seen 2 Unseen 12 Seen 2 Unseen

14.38 8.93 31.77 29.62
✓ 12.67 8.51 26.24 27.77

Training

Finally, we investigate the question: how useful is synthetic data for training models? To answer
this, we train two models using the ESPnet toolkit (Watanabe et al., 2018): one using the original
FLEURS training data and a second using the original FLEURS plus CS-FLEURS (XTTS-TRAIN).
Both models are trained for the same number of iterations following the self-conditioned XLSR-
based recipe described in (Chen et al., 2023). We then evaluated on READ-TEST, which consists
of 14 language pairs; 12 of these are seen in XTTS-TRAIN and 2 are unseen. We also report the
monolingual FLEURS result for the matrix languages of these 12 seen and 2 unseen language
pairs. As shown in Table 5.9, training on synthetic code-switched data improved performance
on both seen and unseen language pairs.

5.4 Conclusion

CS-FLEURS is a hybrid read/synthetic speech dataset for developing and evaluating code-switched
systems across 52 languages and 113 unique code-switched language pairs. By using this dataset,
which controls for in code-switching patterns, text domain, and audio domain, we find that tran-
scribing speech across distinct-script language pairs remains difficult.

This chapter provides a data setting and baselines for massively multilingual code-switched
speech recognition. Next, we discuss proposed work which aims to utilize these resources to
enable parallel, temporal multi-sequence modeling for massively multilingual models.
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Chapter 6

CS-YODAS: A Mined Dataset of
In-the-Wild Code-Switched Speech

Summary

In this chapter we present CS-YODAS, a Creative Commons-licensed dataset of in-the-wild code-
switched speech mined from multilingual YouTube data. Code-switching (CS), or the alterna-
tion between languages within an utterance or conversation, is common in multilingual settings
but remains underrepresented in existing CS speech resources, which are typically small, domain-
specific, or artificially constructed. Building on the YODAS corpus, we develop a scalable, human-
in-the-loop pipeline for identifying and validating naturally occurring code-switching. The result-
ing dataset, which totals 313 hours and spans 7 matrix languages, provides diverse, real-world
examples of spontaneous code-switched speech. We further analyze the distribution and charac-
teristics of code-switching in the wild, examining language-pair frequencies and switching pat-
terns, and report baseline results for spoken language identification. We hope that CS-YODAS
will encourage broader and more comprehensive research on code-switched speech. Dataset link:
https://huggingface.co/datasets/byan/cs-yodas.

6.1 Introduction

In the current era of large-scale multilingual speech processing, models such as Whisper (Radford
et al., 2023), MMS (Pratap et al., 2024), and OWSM (Peng et al., 2025) enable automatic speech
recognition (ASR) and language identification (LID) across hundreds of languages. These ad-
vances are supported by massive collections of speech, providing broad coverage across languages
and domains (Kahn et al., 2020; Pratap et al., 2020b; Ardila et al., 2020; Wang et al., 2021; Li
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et al., 2023b).
Yet despite this progress, most large-scale speech resources remain monolingual by design:

utterances are assigned a single language label, and data mining pipelines are typically optimized
to exclude mixed-language content. Consequently, a core feature of multilingual communication,
code-switching, or the alternation between languages within an utterance or conversation, is largely
absent from these corpora.

Collecting code-switched speech at scale presents unique challenges. Unlike monolingual data,
it requires bilingual or multilingual speakers who naturally alternate between languages, often in
informal or situational contexts. Existing code-switched datasets are therefore limited in scope:
they tend to be small, domain-specific, or based on elicited rather than spontaneous speech (Lyu
et al., 2010; Deuchar et al., 2014; van der Westhuizen and Niesler, 2018; Chowdhury et al., 2021;
Diwan et al., 2021a; Hamed et al., 2022). While synthetic approaches have been proposed to fill
this gap, they often fail to capture the spontaneity, prosody, and sociolinguistic nuances of naturally
occurring multilingual speech (Hussein et al., 2024b; Yan et al., 2025a).

In this work, we introduce CS-YODAS, a dataset of naturally occurring, in-the-wild code-
switched speech mined from multilingual YouTube recordings. Our core motivation is based on
the premise that better, more natural code-switched speech data will beget better, more natural
code-switched speech systems. We envision that this dataset can be used as a comparison point for
synthetically generated code-switching, helping practitioners identify avenues to improve the nat-
uralness of their systems, or as training data for spoken LID systems, improving model robustness
beyond what existing domain-specific and synthetically generated data can attain.

Our contributions are summarized as follows:

• A scalable, human-in-the-loop data mining procedure which enables high-precision code-
switched detection on in-the-wild data

• The mined code-switched speech dataset, which consists of 313 hours of transcribed speech
across 7 matrix languages

• Empirical characterizations of code-switching in the wild, along with baseline evaluations
for CS-aware LID systems

Identifying code-switching in large, web-mined corpora presents a major challenge: spontaneous
code-switched speech is rare and difficult to detect automatically. Off-the-shelf LID tools struggle
with identifying multiple languages within utterances, particularly for noisy in-the-wild data, lead-
ing to high false-positive rates. To address this, we design a scalable, human-in-the-loop pipeline
that iteratively refines Large Language Model (LLM)-based code-switched detection using hu-
man validation. Human feedback is used to guide the LLM via in-context learning, substantially
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improving the precision of detected code-switched segments while maintaining scalability across
web-scale speech data.

The resulting CS-YODAS dataset reflects a wide range of real-world contexts, including con-
versational, entertainment, and educational domains, capturing both spontaneous and semi-scripted
multilingual interactions. This dataset aims to facilitate future research into both the mechanisms
and modeling of natural code-switched speech.

6.2 Dataset Construction

Source Corpus and Motivation

CS-YODAS is derived from the YODAS corpus (Li et al., 2023b), a large-scale multilingual speech
resource collected from publicly available YouTube content – by implication, CS-YODAS is under
the Creative Commons license. Specifically, we use the cleaned YODAS from the OWSM v4
project (Peng et al., 2025) which consists of 166k hours of audio spanning 75 languages, with
speech segments paired to automatic transcripts. While the original corpus organizes data by a
single language label, preliminary inspection revealed the presence of code-switching, motivating
a systematic effort to identify and extract these examples.

Overview

As shown in Figure 6.1, we apply a LLM-based pipeline to identify code-switched segments: first
a text-based LID stage produces a set of candidate segments (mine_iter0) and then a human-in-
the-loop validation stage produces the final CS-YODAS set (mine_iter1). In the remainder of this
section, we describe each stage of the pipeline in detail. We also provide example prompts in §6.5.

Mining of Candidate Segments

Each transcript line from YODAS is passed to a multilingual LLM1 which is prompted to infer the
set of languages present in the text. The model outputs both a primary language (the dominant or
matrix language) and a list of all other detected languages. Segments where two or more distinct
languages are detected are retained as candidate code-switched utterances. This approach leverages
the LLM’s contextual reasoning and language knowledge to capture switching phenomena that
may not be easily identified through token-level LID, such as transliteration, named entities, or
embedded phrases.

1https://huggingface.co/Qwen/Qwen3-14B
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Figure 6.1: Data mining pipeline: we use human feedback on 700 mine_iter0 utterances as
in-context examples while prompting the LLM to validate all of mine_iter0, thus producing
mine_iter1.

However, the in-the-wild nature of the source YODAS data introduces many distractors: noisy
or imperfect transcripts can falsely mix languages, and borrowed words or named entities often
resemble code-switching without representing genuine language alternation. Table 6.1 presents
examples of the three most common types: transcription errors, proper nouns, and cognates.

Human-in-the-Loop Validation

To improve precision, we introduce a human-in-the-loop validation procedure. We sample 100
candidate segments across 7 matrix languages for human validation: Arabic, Chinese Mandarin,
Czech, French, Hindi, Japanese, Russian. For each segment, annotators are asked 5 questions:

1. Is the transcript correct?

2. Does the segment contain <lang1>?

3. Is <lang1> the matrix language?

4. Does the segment contain <lang2>?

5. Are all <lang2> words proper nouns?
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Types Examples

Transcript Errors paramことないんですけど今回ね

Proper Nouns 어려운영어를참친엄마생각하여

Cognates moment là pour la phase 2 seulement deux

Table 6.1: Examples of common non-CS distractors: words in red caused text-based LID to incor-
rectly predict the presence of English.

Set Samples Evaluated Precision

mine_iter0 700 18.0%
mine_iter1 120 70.0%

Table 6.2: Precision of samples selected from mine_iter0 vs mine_iter1, measured via agreement
with human evaluations.

Each of these must be answered with “Yes”, “No”, or “I can’t tell”. Additionally, we solicit
comments for each segment where any of Q1-4 were not answered with "Yes".

This human feedback is then utilized via in-context learning when prompting the LLM to gen-
erate responses to the same 5 questions for all candidate segments (see §6.5 for example prompts).
Note: we also allow the LLM to generate comments. We then filter the candidate segments us-
ing the following criteria: Q1-4 = "Yes" and Q5 = "No". The resulting set is taken as the final
CS-YODAS set (mine_iter1).

Evaluating the Pipeline

We conducted human evaluation on 200 candidate segments drawn from the mine_iter0 set for
each of the seven aforementioned matrix languages. Of these, 100 samples were used as in-context
examples for the LLM-based validation round, while the remaining 100 were passed through the
full data mining pipeline, with some ultimately appearing in the final validated set, mine_iter1.

As shown in Table 6.2, 700 candidate segments from mine_iter0 were evaluated and only
18% were confirmed to be true instances of code-switching. Following the human-in-the-loop
validation, the resulting mine_iter1 set reached 70% precision across 120 segments identified as
code-switched.

Table 6.3 further breaks down the effect of human-in-the-loop validation, providing the full
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Lang TP FP FN TN Pre. (%) Rec. (%)

ara 16 13 20 51 55.2 44.4
ces 1 1 1 97 50.0 50.0
cmn 20 6 7 67 76.9 74.1
fra 9 6 13 72 60.0 40.9
hin 34 7 8 51 82.9 81.9
jpn 2 3 10 50 40.0 16.7
rus 2 0 28 70 100.0 6.7

all 84 36 87 458 70.0 49.1

Table 6.3: Full confusion matrix breakdown of the human-in-the-loop stage of the data mining
pipeline. TP = True Positive, FP = False Positive, FN = False Negative, Pre. = Precision, Rec. =
Recall.

confusion matrix across the 7 matrix languages. Hindi, Chinese, and Arabic yielded the most
true positive code-switched samples at precision rates of 82.9%, 76.9%, and 55.2% respectively.
Japanese and Russian yielded very few true positives; we found that samples with only proper
nouns in the embedded language made up a large portion of the false negatives, indicating some an-
notator disagreement with our filtering methodology (namely requiring Q5 = “No”). These results
highlight variation in the reliability of automatic code-switch detection across matrix languages,
underscoring the importance of gathering language-specific human feedback.

Limitations: Recall and Representativeness

While the previous analysis demonstrates substantial gains in precision, evaluating recall in this
setting is significantly more challenging. The pipeline operates over a large, weakly supervised
corpus of web audio, where the total number of true code-switched segments is unknown. As a
result, it is not possible to directly measure how many valid instances of code-switching are missed.
The reported recall should therefore be interpreted only with respect to the evaluated subset, rather
than as a measure of absolute coverage.

More importantly, recall is shaped by the design of the retrieval pipeline itself. Our approach
relies on transcript-based filtering and text-based language identification (LID), which introduces
several sources of bias. First, transcripts must be available and sufficiently accurate, which is
not guaranteed in many multilingual or informal settings. Second, text-based LID favors segments
with clear lexical evidence of multiple languages, and may fail to detect more subtle or phonetically
integrated instances of code-switching. Third, alignment quality plays a critical role: short or rapid
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Lang CS Duration Total Duration CS Rate (%)

ara 0.6 2.8 21.4
ces 0.0 0.3 13.7
cmn 0.5 4.1 12.1
fra 28.5 273.7 10.4
hin 6.3 21.2 29.7
jpn 0.3 2.0 15.0
rus 1.1 8.9 12.4

all 37.3 312.7 11.9

Table 6.4: Durations (hours) per matrix language: "CS Duration" refers to intra-sentential CS
segments while “Total Duration” refers to contextual chunks (CS segment + 15 sec of left/right
pad). CS Rate = CS Duration / Total Duration.

switches may be missed if they are not well aligned to the transcript.
These modeling choices implicitly determine what types of code-switching are recoverable.

For example, segments containing short insertions, named entities, or phonologically adapted bor-
rowings are more likely to be filtered out, even if they reflect genuine multilingual usage. Con-
versely, segments with more explicit lexical mixing are more likely to be retained. As a result, the
final dataset may not fully reflect the distribution of code-switching observed in the wild.

Taken together, these limitations suggest that CS-YODAS should be viewed as a partial sample
of spontaneous code-switched speech. Future work may improve recall and coverage by incorpo-
rating speech-based LID, relaxing transcript requirements, or explicitly modeling uncertainty in
alignment and segmentation.

Capturing Code-Switching Context

With CS-YODAS, we aim to facilitate the study of when and where code-switching arises in real-
world communication contexts. To this end, we construct CS-YODAS in a contextual manner
as follows. As described in the previous sections, we first mine a set of target segments with
intra-sentential code-switching – these are typically short (<5 sec) utterances. We then extract the
surrounding contexts (15 sec before and after) for these target segments and concatenate, producing
a contextual chunk. In the case that multiple target segments are within 30 seconds of each other,
we simply merge them into one contiguous contextual chunk.

As shown in Table 6.4, the total duration of contextual audio for the seven matrix languages
is 312.7 hours. Of this, 37.3 hours (11.9%) correspond to intra-sententially code-switched speech.
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Certain languages, such as Arabic and Hindi, exhibit a higher code-switching rate.

Dataset Statistics

Dataset Matrix Langs Domain Speech Type Hours

ArzEn 1 Conversation Spontaneous 12
Bangor Miami 1 Conversation Spontaneous 35
SEAME 1 Conversation Spontaneous 192
ESCWA 2 Conversation Spontaneous 3
MUCS 2 Lecture Structured 160
Soapies 4 TV Scripted 14

CS-FLEURS 52 Wikipedia Read/Synthetic 294
- read-set 14 Wikipedia Read 17
- xtts-set 16 Wikipedia Synthetic 221
- mms-set 45 Wikipedia Synthetic 56

CS-YODAS 7 Youtube Spontaneous 313

Table 6.5: Summary of CS-YODAS vs. CS-FLEURS.

Summary statistics are presented in Table 6.5. The final CS-YODAS release comprises 313
hours of speech across 7 matrix languages.

CS-FLEURS vs CS-YODAS Comparison:

Existing code-switched speech corpora fall along a clear trade-off between linguistic realism and
language coverage. Prior spontaneous datasets such as ArzEn, Bangor Miami, and SEAME consist
of conversational speech, but are limited to one or two language pairs and relatively narrow do-
mains. Other datasets expand coverage modestly (e.g., Soapies, MUCS), but often rely on scripted
or structured speech rather than naturally occurring interactions.

More recent efforts, such as CS-FLEURS (Yan et al., 2025a), significantly increase language
coverage by constructing code-switched data at scale. CS-FLEURS spans dozens of languages (up
to 52 matrix languages) and hundreds of hours by generating code-switched text from Wikipedia
and realizing it through read speech and text-to-speech synthesis. This enables controlled evalua-
tion across many language pairs, but the resulting speech reflects the constraints of its construction:
it is read or synthetic, tied to a written domain, and lacks the spontaneity of real conversational
code-switching.
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In contrast, CS-YODAS focuses on capturing code-switching as it occurs in practice. It consists
of over 300 hours of naturally occurring speech from YouTube across multiple domains, including
informal conversation, commentary, and mixed-media content. While its language coverage (7
matrix languages) is smaller than CS-FLEURS, it provides spontaneous, in-the-wild examples
of when and how speakers switch languages, including phenomena that are difficult to simulate
through text generation alone.

Taken together, these datasets occupy complementary positions. CS-FLEURS enables large-
scale, controlled evaluation across many languages, while CS-YODAS captures the variability and
unpredictability of real-world code-switching. This distinction is critical: models that perform well
on synthetic or read code-switching do not necessarily generalize to spontaneous settings, where
language alternation is driven by discourse, context, and speaker intent rather than predefined text.

6.3 Dataset Analyses

Overview

The primary motivation of our dataset analysis is to augment the dataset with additional metadata,
such as language roles, parts-of-speech, and text or audio domains. In this section, we describe our
methodology for generating metadata and summarize the metadata distributions.

Please be aware that the following analyses are based on data which we estimate to be of 70%
precision (as described in section §6.2). Please also refer to §6.5 for further discussion of the
limitations of this dataset.

Language Distributions

First, let’s address the obvious question: how often did code-switching occur in-the-wild? Given
that our method prioritizes precision over recall we cannot directly answer this question. Instead,
we try to provide a lower-bound estimate by reporting the data mining yield rate (i.e. the number
of segments identified as code-switched out of the total number of source segments) – we expect
that the actual rate of code-switching in-the-wild is somewhat higher than the yield rate. As shown
in Figure 6.2, the yield varied greatly across matrix languages, ranging from 0.01% for Russian
to 6.87% Hindi. Arabic (1.64%), French (0.66%), and Chinese (0.52%) also exhibited moderate
yield rates.

Next, let’s examine the distribution of embedded languages. English is by far the most com-
mon embedded language, accounting for 85.6% of the data. Figure 6.3 shows the English vs.
Non-English embedded language breakdown across the 7 matrix languages. Arabic (27.6%) and
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Figure 6.2: Yield (%) of segments identified as code-switched out of the total number of segments
across matrix languages.

French (14.6%) exhibit the highest rates of code-switching with non-English languages. For Ara-
bic, Egyptian Arabic accounted for the highest proportion of non-English code-switching. For
French, Arabic accounted for the highest rate of non-English code-switching.

Lexical Distributions

Next, we examine the lexical distribution of the embedded English words to better understand
the conversational purpose of code-switching. Our analysis focuses on English words to ensure
reliable part-of-speech (POS) tagging. We first extract all English words and run POS tagging
using spaCy. Each word is then assigned to one of four categories: content words, function words,
proper nouns, and discourse markers. Content words include nouns, verbs, adjectives, and adverbs.
Proper nouns are treated as a separate category. Function words include determiners, adpositions,
conjunctions, particles, and auxiliaries. Finally, discourse markers include interjections such as
“yeah”, “like”, “well”, etc.

Figure 6.4 plots the proportions of the four lexical categories for both CS-YODAS and CS-
FLEURS; the denominator here is the total count of embedded English words. Both sets contain
mostly content words and proper nouns among their embedded English words. However, CS-
YODAS shows a much smaller proportion of function words, nearly half that of CS-FLEURS – this
suggests that the lexical pattern of the synthesized CS-FLEURS text may be unnatural. This finding
aligns with linguistic theory, which suggests that function words should be least commonly used
in the embedded language (Myers-Scotton, 1993). Finally, CS-YODAS includes some discourse
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Figure 6.3: Proportions (%) of examples with English vs. Non-English as the embedded language
across matrix languages.

markers, which are typical in conversational speech, whereas CS-FLEURS has none, consistent
with its synthetic nature.

Domain Distributions

To further characterize the dataset, we obtain topical domain labels by feeding transcripts to a
multilingual text-based domain classification model.2 We then use these domain labels to estimate
where code-switching tends to occur. To do so, we compare the proportional representation of
each domain in CS-YODAS to that in the original YODAS corpus. For each domain, we compute
the ratio between its relative frequency in CS-YODAS and its relative frequency in YODAS. A
value greater than one indicates that the domain is over-represented in CS-YODAS relative to
the source YODAS data, while values below one indicate under-representation. This approach
normalizes for overall corpus composition and highlights domains where code-switching occurs
disproportionately often.

As shown in Figure 6.5, informal and tech-oriented domains such as Games, Internet and
Telecom, and Computers and Electronics show the strongest over-representation, suggesting that
code-switching frequently arises in conversational, online, and technology-related contexts. Mod-
erately elevated ratios are also observed in Sports, Business, and News, where English terms or
expressions are often borrowed. In contrast, more formal or topic-specific domains, such as Law

2https://huggingface.co/nvidia/multilingual-domain-classifier
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Figure 6.4: Proportions (%) of embedded English words across 4 categories: content words, proper
nouns, function words, and discourse markers.

and Government, Health, Science, and People and Society, show lower ratios, indicating that code-
switching is less common in structured or institutional settings.

6.4 Baseline Experiments

Train Set FLEURS

CS-FLEURS

XTTS1 MMS
READ

ara-eng cmn-eng fra-eng hin-eng jpn-eng rus-eng

w/o CS-YODAS 97.4 99.7 99.9 0 0 0 0 0 0
w/ CS-YODAS 96.3 99.5 99.8 0 0.3 51.1 19.3 0 0

Table 6.6: Comparison of spoken LID models with and without CS-YODAS training data. Accu-
racy (%) is reported on FLEURS and CS-FLEURS.

Overview

Modern multilingual speech recognition and translation systems rely on accurate spoken LID both
for curating large-scale training datasets (Valk and Alumäe, 2021; Peng et al., 2025) and for routing
input to the language-specific modules (Radford et al., 2023; Pratap et al., 2024). However, current
spoken LID systems (Jia et al., 2023; Wang et al., 2025) are almost exclusively trained under the
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assumption that utterances are purely monolingual, ignoring the possibility that a single utterance
may contain multiple languages. Prior work has shown that this monolingual bias greatly limits the
quality of downstream speech processing for code-switched speech (Peng et al., 2023; Yan et al.,
2025a).

This limitation reflects a broader gap in LID research. Burchell et al. (2024) show that even in
the text domain, utterance-level code-switched LID remains challenging. In the spoken domain,
prior LID studies (Rangan et al., 2020; Li et al., 2023a) are limited to only a few language pairs.
We argue that this gap primarily stems from a data bottleneck: large-scale multilingual speech
corpora with natural code-switching and reliable language labels have been lacking.

In this work, we leverage CS-YODAS alongside the monolingual FLEURS dataset and the
synthetic code-switched CS-FLEURS dataset to establish baseline LID systems that explicitly ac-
count for both monolingual and code-switched utterances. Our findings show that synthetic code-
switched training data alone is insufficient to support robust generalization, and that exposure to
spontaneous, naturally occurring code-switching is essential. These results highlight the impor-
tance and feasibility of curating large-scale spontaneous code-switched resources to enable more
realistic spoken LID in the wild.

Experimental Setup

We compare two training data configurations: (1) simply combining the FLEURS (Conneau et al.,
2023) training set with the XTTS-generated training data from CS-FLEURS and (2) further in-
cluding CS-YODAS data.3 Both configurations contain 102 monolingual languages and 16 code-
switched language pairs. The 16 pairs originate from CS-FLEURS, with 6 of them further sup-
plemented by data from CS-YODAS. We refer to these settings as “w/o CS-YODAS” and “w/
CS-YODAS” respectively.

Our LID models are based on self-supervised representations, with MMS (Pratap et al., 2024)
as the upstream encoder and ECAPA-TDNN (Desplanques et al., 2020) as the downstream embed-
ding extractor. Classification is performed using the AAMSoftmax loss (Deng et al., 2019) with
the sub-center enhancement (Zhao et al., 2021), following the ESPnet-SPK implementation (Jung
et al., 2024). For code-switched utterances, each language pair is treated as a distinct class (i.e.
“cmn” and “cmn-eng” are distinct). Training hyperparameters and optimization settings are kept
consistent with the VoxLingua107-only setup described in Wang et al. (2025). The final models
are selected based on the best accuracy on the FLEURS dev set and CS-YODAS XTTS1 test set.
Models are evaluated on FLEURS and CS-FLEURS test sets.
3We only use the examples with English as the embedded language for this experiment, and exclude ces due to its
limited data.
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Results and Discussion

As shown in Table 6.6, the model “w/o CS-YODAS” performs well on in-domain settings, includ-
ing FLEURS and the CS-FLEURS XTTS1, as well as the out-of-domain synthetic CS-FLEURS
MMS. However, the model fails across all languages in CS-FLEURS READ; the model is unable
to distinguish code-switched utterances. We posit that this is due to a domain mismatch resulting
from a lack of natural code-switched training data.

After incorporating the CS-YODAS training data, performance improves on the fra–eng (0% to
51.1%) and hin–eng (0% to 19.9%) subsets of the CS-FLEURS READ. This zero-to-one improve-
ment demonstrates that exposure to in-the-wild code-switched speech enables models to begin
generalizing to natural switching patterns beyond what synthetic data can support.

As shown in Figure 6.6, there is a clear trend between code-switched training data duration and
code-switched LID performance: accuracy does not rise past 0 until after 5 hours of code-switched
training data is available.

Our hope is that these baselines demonstrating the impact of in-the-wild code-switched training
data motivates future dataset construction efforts, as our belief is that solving the data problem is
critical towards building effective code-switched spoken LID systems.

6.5 Conclusion

In summary, our work introduces CS-YODAS, a large-scale dataset of spontaneous, naturally oc-
curring code-switched speech. Using CS-YODAS along with the existing CS-FLEURS, we are
able to show that synthetically generated code-switching has yet to thoroughly mimic the patterns
observed in the wild. Further, we show that synthetic code-switched training data has yet to obviate
the need for collecting spontaneous code-switched speech. Our hope is that CS-YODAS facilitates
future research towards building robust spoken LID systems capable of handling all nuances of
multilingual communication.

Limitations

While CS-YODAS represents a significant step toward large-scale, naturally occurring code-switched
speech resources, several limitations remain.

First, the underlying source corpus, YODAS, is based on Creative Commons YouTube content,
which inherently biases the dataset toward publicly available and broadcast-style material, such
as news, educational talks, and announcements. While the dataset still captures code-switching in
daily, informal contexts, we suspect that the casual setting may be underrepresented.
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Second, while we implemented a human-in-the-loop validation pipeline to improve the preci-
sion of mined code-switched examples, the scale of the data precludes exhaustive manual verifi-
cation. We also acknowledge other the presence of residual noise from the source corpus, such as
transcription and audio segmentation errors.

Finally, reliable evaluation of code-switching requires skilled bilingual annotators. This re-
liance on language-specific expertise is a limiting factor against scaling coverage, and thus this
release of CS-YODAS spans only 7 matrix languages.

Ethics Statement

This dataset is a mined subset from an already publicly released dataset, so we do not foresee any
harm arising from its content. Annotators were recruited for this project on a volunteer basis and
were made aware of our data mining approach and thus agreed to the use of their feedback to refine
the dataset.

Example LLM Prompts

Overview

This section provides examples of the prompts used for text-based LID and human-in-the-loop
Validation, supplementing the main description of the LLM-based data mining pipeline in §6.2.

Text-based LID

Table 6.7 illustrates an example prompt used for the first stage of our data mining pipeline. We
task the LLM with identifying all languages that appear in the segment. We use only 3 in-context
examples in this stage; this choice was made in an attempt to maximize throughput.

Human-in-the-Loop Validation

Table 6.8 illustrates an example prompt used for the second stage of our data mining pipeline. We
task the LLM with replicating the human feedback pattern. We use 100 in-context examples in this
stage, sourced from the human feedback on same-language samples; this choice was made in an
attempt to maximize accuracy.
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(System) You are performing text-based language identification. We are trying to identify code-mixed or code-
switched utterances.

(User) Text: “‘这些地区 人口稀少， often不存在光污染的问题，你 also能欣赏到璀璨星空。“‘

For the given text in triple backticks identify ALL languages that appear. There may be only a single language or
multiple languages that are code-mixed together. Your final answer should list the languages in order of prevalence.
Code-mixing, or code-switching, is defined as the alternation of two languages within a single discourse, sentence,
or constituent. Double check whether the text contains code-switching by reviewing word-by-word. Do not simply
glance at the overall sentence and only write down the dominant language.
Format your response as a json object.

(Assistant) {"languages": ["Chinese", "English"]}

... 3 in-context examples are provided in total ...

(User) <Prompt with target segment>
(Assistant) <Text-based LID output>

Table 6.7: Example prompt used for text-based LID. In-context examples are depicted in blue and
target segment prompt/response are depicted in violet.

(System) You are performing data validation. We are looking for code-switched speech examples by examining
transcript text.

(User) Text: “‘因此受到他的祝福之下就代表的是权威Authority“‘

For the given text in triple backticks, answer the following 5 questions:
1. Is the transcript correct?
2. Does the speech contain Chinese?
3. Is Chinese the matrix language?
4. Does the speech contain English?
5. Are all English words proper nouns?

(Assistant) {"Q1": "Yes", "Q2": "Yes", "Q3": "Yes", "Q4": "Yes", "Q5": "No", "Comments": ""}

... 100 in-context examples are provided in total ...

(User) <Prompt with target segment>
(Assistant) <Human-in-the-loop Validation output>

Table 6.8: Example prompt used for human-in-the-loop validation. In-context examples are de-
picted in blue and target segment prompt/response are depicted in violet.
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Figure 6.5: CS likelihood by domain (CS-YODAS proportion / YODAS proportion): values
greater/less than 1 suggest higher/lower CS likelihood.

81



0 5 10 15 20 25 30
0

20

40

Duration (hours)

A
cc

ur
ac

y
(%

)
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Chapter 7

CS-Anything: Towards Massively Scaling
Language-Factorized ASR

Summary

Massively multilingual speech models support over 100 languages, yet still underperform on code-
switched speech. We argue that this gap is structural rather than purely data-driven: systems such
as Whisper select a single language mode for the entire utterance, presuming that language iden-
tity never changes within a sequence. We present a scalable language-factorized ASR framework
that combines frame-level Language Diarization with Language-Diarization-Conditioned Whis-
per (LaDiCoW). Experiments on 18 languages across CS-FLEURS and additional conversational
benchmarks show that modeling language identity over time significantly reduces the performance
gap between monolingual and code-switched speech.

7.1 Introduction

In the current era of massively multilingual speech foundation models (Li et al., 2022b; Radford
et al., 2023; Omnilingual et al., 2025) that operate on 100+ languages, is code-switched speech
recognition already solved? On the surface, it seems that any entity (human or machine) that has
mastered N languages would also be capable of understanding any of the

(
N
2

)
code-switching com-

binations. Yet recent investigations (Yan et al., 2025a) indicate that state-of-the-art transcription
models such as Whisper (Radford et al., 2023) still perform significantly worse on code-switched
speech compared to monolingual speech with identical topical domains and audio conditions. This
performance discrepancy motivates the core question behind this work: what is prohibiting mod-
ern transcription systems from mastering code-switching?
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A simplistic answer would be data scarcity: a recent study (Yan et al., 2026) estimated that less
than 2% of publicly available YouTube data contained code-switching. One may argue that since
code-switching is rare and only found in particular bilingual conversational settings, it should not
be surprising that models trained on web-scale data under-perform on this corner case of speech –
in this work we offer an alternative to this status quo.

Our view is that modern transcription systems under-perform for code-switching because they
lack language diarization, or the ability to determine what language is being spoken and when.
Therefore, in this work we seek to demonstrate that language diarization is the critical compo-
nent needed to unlock massively multilingual code-switched transcription.

To illustrate why language diarization is critical, we need to first highlight the fundamen-
tal incompatibility of modern multilingual system design with code-switched speech. Systems
like Whisper rely on language-specific transcription modes, commonly implemented via language
ID tokens which auto-regressively condition transcript generation, which are statically set at an
utterance-level (as opposed to a more fine-grained frame-level). Workarounds like setting multiple
utterance-level language IDs at once can improve performance (Peng et al., 2023), but not to the
degree where transcriptions are reliable.

Alternatively, if a system has language diarization then it can apply the appropriate language-
specific transcription modes on the respective portions of the code-switched utterance. These inter-
mediate monolingual transcriptions are then merged into the ultimate code-switched transcription.
This approach, coined as language-factorized ASR, was first demonstrated on the bilingual set-
ting (Yan et al., 2022b). In fact, it was shown that such systems can be constructed with minimal
code-switched data (Yan et al., 2023c), refuting the aforementioned view that code-switched ASR
is entirely bottle-necked by data scarcity. The key intuition of the approach, which is to break the
bilingual task into monolingual parts, was also validated in related prior works (Lu et al., 2020;
Zhou et al., 2020b; Dalmia et al., 2021a; Tian et al., 2022; Song et al., 2022), and several works
already shown that bilingual decomposition can be done using language diarization (Liu et al.,
2021, 2023, 2025).

In this work we make the following contributions:

• Formulation of large-scale language-factorized ASR, leveraging the 100+ language Whisper
foundation model

• Empirical validation on the broadest existing code-switched ASR benchmark, CS-FLEURS
(Yan et al., 2025a), along with additional bilingual conversational sets, for a total of 18
languages1

1There is potential for supporting 100+ languages, but this work was limited by the coverage of synthetic code-
switched training data.
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• Release of open-source models, data, and infrastructure

Our hope is that these efforts encourage further developments of flexible multilingual speech pro-
cessing models which are robust to any and all types of code-switched speech (Auer, 2013).

7.2 Background and Motivation

Language-Factorized Bilingual ASR

We first review the conditionally factorized framework for bilingual ASR proposed in (Yan et al.,
2022b). Let X denote speech features and Y = {yn ∈ (VM ∪ VE)|n = 1, ..., L} denote bilingual
transcriptions, where VM and VE are the Mandarin and English vocabularies, respectively. The
transcription Y may be purely monolingual or code-switched.

Rather than directly modeling p(Y |X), the key idea is to introduce monolingual label-to-frame
alignment sequences ZM = {zMt ∈ VM ∪ {∅}|t = 1, ..., T} and ZE = {zEt ∈ VE ∪ {∅}|t =
1, ..., T}, where ∅ denotes the CTC blank symbol. Under the assumption that ZM and ZE are
conditionally independent given X , Viterbi approximation yields:

Ẑℓ = argmax
Zℓ

T∑

t=1

log p(zℓt |X), ℓ ∈ {M,E}. (7.1)

The final transcription Y is then obtained by deterministically merging ẐM and ẐE . Given these
monolingual alignments, no additional information from X is required to determine the output Y ,
a property we refer to as language-factorized.

Limitations of the Bilingual Formulation

While the bilingual conditional factorization is elegant, it faces fundamental scalability limitations.
The framework requires one monolingual encoder per language, meaning that supporting N lan-
guages would require N separate encoders in addition to a bilingual decoder for each of the

(
N
2

)

possible pairs.
Moreover, the original formulation relies on CTC-based label-to-frame synchronization to pro-

vide ordering information, which constrains the choice of ASR architecture to CTC models. Mod-
ern large-scale ASR foundation models such as Whisper (Radford et al., 2023) use an encoder-
decoder attention architecture which fundamentally differs from the non-autoregressive CTC mod-
els.

These limitations motivate our reformulation, which replaces CTC-based bilingual synchro-
nization with explicit language diarization and leverages Whisper as the ASR backbone.
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7.3 Proposed Framework

Overview

Our goal is to preserve the principle of language factorization while removing the aformentioned
scalability bottlenecks (§7.2). Instead of implicitly separating languages through monolingual
encoders and CTC alignment, we make frame-level language identity an explicit, standalone clas-
sification problem. This leads to a two-stage decomposition that scales more naturally to 100+
languages.

Stage 1: Language Diarization (LaDi)

We define language diarization as frame-level language ID. Let L denote the set of known lan-
guages. Given speech features X = {xt ∈ RD | t = 1, . . . , T}, the language diarization output is
D = {dt ∈ L ∪ {silence, noise} | t = 1, . . . , T}, where each frame is assigned a language label
or a non-speech label. The language diarization network is initialized from the Whisper encoder,
which produces 50 frames per second, and uses a frame-level projection head to produce D via
argmax.

The diarization output D is then segmented into per-language time intervals. For a language ℓ ∈
Lactive, we derive language-specific segments Dℓ = [(s1, e1), . . . , (sK , eK)] consisting of K time
intervals (start, end) where language ℓ is active. These segments serve as the language diarization
conditioning signal for the downstream ASR model.

Stage 2: LaDi-Conditioned Whisper (LaDiCoW)

We adapt the DiCoW (Diarization-Conditioned Whisper) architecture (Polok et al., 2026), origi-
nally designed for speaker-attributed ASR, to our language-factorized ASR setting. In the orig-
inal DiCoW, frame-level speaker diarization masks indicating Silence-Target-Non-target-Overlap
(STNO) categories are injected into each Whisper encoder layer via frame-level diarization-dependent
transformations (FDDT). FDDT applies category-specific affine transformations weighted by the
diarization probabilities at each frame. We re-purpose this mechanism for language conditioning.
For a given target language ℓ, we construct a language diarization mask analogous to the speaker
STNO mask, where frames are categorized as: silence (no speech), target language ℓ, or non-target
language (any other language).2 The FDDT layers then adapt the encoder representations to focus
on the target language, enabling target-language ASR.

2Unlike in speaker diarization, we do not expect any overlaps in our formulation of language diarization.
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For each language detected in the diarization output, ℓ ∈ Lactive, LaDiCoW performs target-
language ASR producing segment-level alignment sequences Zℓ

seg = {zℓseg,k ∈ Vℓ∪{time-stamps} |
k = 1, ..., K}, where each zℓseg,k represents a segment of transcription and with predicted time-
stamps. The sequence is obtained via auto-regressive decoding:

Ẑℓ
seg = argmax

Zℓ
seg

K∑

k=1

log p(zℓseg,k | zℓseg,<k, X,Dℓ). (7.2)

This new formulation in equation 7.2 differs from equation 7.1 in two critical ways:

• Language diarization outputs, Dℓ, are now additionally provided as a conditional variable.

• Segment-level alignment sequences for each language, Zℓ
seg, are now produced auto-regressively.

In other words, we’ve reformulated the task of generating monolingual target-language alignment
sequences to be compatible with the LaDiCoW backbone. The final code-switched transcription
Y is then composed by interleaving the sets of segment-to-frame alignments, Zℓ

seg, across all ac-
tive languages, Lactive, according to the chronological order of the predicted time-stamps for each
segment.

7.4 Experimental Setup

Datasets

The same data is used for Stage 1: LaDi and Stage 2: LaDiCoW. Experiments are based on a
diverse set of code-switched benchmarks which are summarized as follows.

In total, there are 7 different test sets (14 languages):

• CSFL-READ (Yan et al., 2025a): consists of 12 matrix languages3 with English embed-
ded. This is the broadest single set of code-switched speech across languages, collected via
read speech on generated Wiki-domain text; we use this set to compare performance across
languages without interference from topical domain or audio condition differences.

• SEAME (Lyu et al., 2010): consists of the SGE set which is matrix (Singaporean) English
with embedded Mandarin and the MAN set which is matrix Mandarin with embedded En-
glish. The speech is conversational.

• ARZN (Hamed et al., 2022): matrix Egyptian Arabic with embedded English. The speech
is conversational.

3Arabic, Czech, Mandarin, German, French, Hindi, Italian, Japanese, Korean, Portuguese, Russian, Spanish
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• MUCS (Diwan et al., 2021a): consists of the HIN set which is matrix Hindi with embedded
English and the BEN set which is matrix Bengali with embedded English. The embedded
English found in these lecture-style sets are often technical or otherwise rare terms.

We consider two training data settings:

• CSFL (17 langs): training only on the CSFL synthetically generated data. Note that the
CSFL training data covers all the languages in the conversational sets except for Bengali.

• All (18 langs): training on CSFL, SEAME, ARZN, MUCS.

These two data settings allow for the comparison of in-domain versus out-domain performance on
the SEAME, ARZN and MUCS sets; furthermore, it can demonstrate the efficacy of synthetic-only
training data towards general performance.

Data Preparation

All of our code-switched corpora were created originally for code-switched ASR: the corpora pro-
vide speech segments with their corresponding transcripts. To support the training and evaluation
of LaDi and LaDiCoW systems, we first constructed silver language diarization labels using the
following strategy:

1. We first align speech to tokenized transcripts using the MMS universal forced alignment
model (Pratap et al., 2024). This CTC-based alignment model operates on Romanized text
and was trained on thousands of languages. We therefore consider this to be a multi-lingually
robust choice for our code-switched data.

2. We then run text-based language ID using the FastText (Joulin et al., 2017) model on indi-
vidual tokens, restricting the classification to the expected languages for each set.

Combining token-to-speech alignment (step 1) with token-level language ID (step 2) yields lan-
guage diarization labels - we label these as “silver” rather than “gold” since they were not produced
directly via human annotation.

Metrics

For language diarization, we report Jaccard Error Rate (JER↓) (Ryant et al., 2019; Watanabe
et al., 2020). Let Rℓ and Pℓ denote the reference and predicted time regions for language ℓ. JER is
defined as one minus the mean intersection-over-union across all L languages:

JER = 1− 1

|L|
∑

ℓ∈L

|Rℓ ∩ Pℓ|
|Rℓ ∪ Pℓ|

(7.3)
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Unlike diarization error rate, which is dominated by majority classes, JER’s intersection-over-
union formulation balances performance across languages regardless of how much they are spoken.
This is particularly important in code-switched speech, where embedded languages often occupy
substantially less duration than the matrix language.

For ASR, we report Character Error Rate (CER↓).4 We select CER rather than Word Error
Rate because it provides a consistent unit of measurement across languages with different writing
systems and tokenization conventions. CER enables direct comparison and aggregation across
languages without relying on language-specific tokenization rules.

Comparisons

We compare our LaDi systems to two baselines:

• ECAPA-TDNN (Ravanelli et al., 2021): a spoken language ID system run with two temporal
resolutions (0.25s and 8s windows).

• Whisper Pipeline: a baseline which first runs default Whisper ASR and then derives lan-
guage diarization predictions via forced alignment and token-level language ID (using a
similar process as described for silver labels §7.4).

These baselines are limited: (i) neither are not trained on code-switched data and (ii) ECAPA-
TDNN is an utterance-level language ID model. We therefore also provide two hypothetical sys-
tems (referred to as strawmen) for comparison:

• Matrix Language: predicts the matrix ℓ for all frames.

• Embed Language: predicts the embedded ℓ for all frames.

The Matrix Language strawman is a proxy for the best that an utterance-level spoken language ID
system could do on the code-switched language diarization task.

For ASR, we compare with four baselines:

• Whisper (Seg): a baseline which first uses silver language diarization to segment utterances
and then runs Whisper ASR on those monolingual segments individually.

• Whisper (Utt): a baseline which runs Whisper ASR on code-switched utterances. We force
Whisper to use the matrix language mode rather than relying on Whisper’s language ID
predictions which can be unreliable (Yan et al., 2025b).

4Evaluation is performed after removing punctuation, casing, and white-space to avoid penalizing formatting differ-
ences.
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• Whisper-FT (CSFL): Whisper fine-tuned on CSFL only.

• Whisper-FT (All): Whisper fine-tuned on all data.

The two fine-tuned Whisper models are the main comparison points since they utilize the same
training data, but the other two baselines are nonetheless useful points of reference.

7.5 Results and Analyses

We first present results on language diarization and ASR individually, where diarization-conditioned
ASR systems utilize only silver diarizations. We then present results on the cascade, where
diarization-conditioned ASR systems utilize predicted diarizations. Breakdowns by language are
also presented.

Language Diarization

Table 7.1: Language Diarization (JER↓) Performance. Lighter Cells = Out-Domain. Darker Cells
= In-Domain.

Type Model CSFL SEAME ARZN MUCS

READ SGE MAN ARA HIN BEN

Straw Matrix Language 67.45 43.29 59.00 47.73 53.27 59.29
Straw Embed Language 82.40 80.26 75.42 86.69 86.23 84.28

Base EcapaTDNN (8s) 65.32 91.29 81.90 69.28 70.03 58.17
Base EcapaTDNN (0.25s) 99.00 98.28 97.51 99.05 99.66 99.14
Base Whisper Pipeline 41.52 31.18 34.25 49.59 44.23 79.35

Ours LaDi (CSFL) 27.59 61.61 48.08 47.49 56.07 96.26
Ours LaDi (All) 19.61 16.47 16.19 22.05 28.25 21.77

In Table 7.1, we compare LaDi to several strawmen and baseline systems (described in §7.4).
As expected, while neither strawman performs well, predicting the matrix language results in
a lower JER than assigned to the embedded language. The baselines using the EcapaTDNN
utterance-level spoken language ID system also perform poorly: choosing a wide window of 8s
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mimics the matrix language strawman to a certain degree, albeit with additional language con-
fusions, while choosing a narrow window of 0.25s results in a highly noisy diarization which
suggests that the system requires more context to make reliable classifications. The strongest base-
line is the Whisper Pipeline, which can successfully diarize portions of code-switched speech but
only if Whisper produced correct code-switched transcriptions, which is not guaranteed.

The performance of the LaDi systems exhibit a large effect of in-domain training. For instance,
LaDi (CSFL) is significantly worse on the SEAME-SGE set compared to LaDi (All): this can be
partly attributed to the mismatch between the Mandarin-English data seen during training (matrix
Mandarin) and testing (matrix English). Other factors such as audio conditions and speaker differ-
ences (particularly accents) likely also contribute to the lack of out-domain generalization shown
by LaDi (CSFL). On the other hand, the LaDi (All) system exhibits relatively low JER across all
sets.

ASR

Table 7.2: ASR (CER↓) Performance. Lighter Cells = Out-Domain. Darker Cells = In-Domain.
Language Diarization (LD) column indicates use of (S)ilver or (P)redicated.

Type Model LD CSFL SEAME ARZN MUCS

READ SGE MAN ARA HIN BEN

Base Whisper (Seg) S 23.84 37.44 43.45 39.69 75.10 167.3
Base Whisper (Utt) - 14.25 63.76 74.46 90.91 53.17 91.43

Base Whisper-FT (CSFL) - 6.91 36.86 31.31 28.87 56.70 103.18
Base Whisper-FT (All) - 6.68 12.27 10.88 14.06 30.98 20.80

Ours LaDiCoW (CSFL) S 5.01 38.91 30.86 25.54 37.44 51.02
Ours LaDiCoW (All) S 3.86 10.90 8.47 12.61 21.08 13.23
Ours LaDiCoW (All) P 7.99 13.57 11.82 16.25 33.59 30.55

In Table 7.2, we compare LaDiCoW to several Whisper-based baseline systems (described in
§7.4). Surprisingly, the Whisper (Seg) baseline performed worse than Whisper (Utt) despite the
former utilizing silver diarizations to segment each utterance into monolingual segments. Error
analysis revealed that Whisper (Seg) was negatively impacted by high insertion error rates which
occurred for many short (< 0.5s) segments of embedded language; we attribute the root cause of
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this failure mode to noise in the silver labels resulting in slightly truncated words and Whisper’s
tendency to hallucinate given a noisy input. The Whisper-FT baselines performed much better
in comparison. The improvement of Whisper-FT (CSFL) versus Whisper (Utt) demonstrates the
general efficacy of the synthetic CSFL training data: all sets showed substantial improvements
after fine-tuning except MUCS (a more technical domain and Bengali is unseen).

LaDiCoW systems performed the best overall. Comparing LaDiCoW (CSFL) with the Whisper-
FT (CSFL) baseline, the improvements on the MUCS sets were the most significant: the im-
provement on the unseen Bengali-English language pair highlights that our language-factorized
approach generalizes better across languages than the baseline approach. Comparing LaDiCoW
(All) with the Whisper-FT (All) baseline, there are consistent improvements across all sets: this
demonstrates that even in the setting where in-domain code-switched training data is available,
conditioning ASR on silver language diarization is more powerful than statically setting lan-
guage ID at an utterance-level.

Finally, the comparison of LaDiCoW with predicted versus silver language diarization exhibits
a gap across the board; as expected the performance of LaDi limits the overall performance of
LaDiCoW. If language diarization is perfect, then LaDiCoW significantly outperforms Whisper-FT
baselines. However, in practice the errors in predicted language diarization are propagating errors
in transcription – currently conditioning ASR on predicted language diarization significantly
degrades performance. Next, we’ll address the key follow-up question: how much better would
ASR get if language diarization improved by X%.
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Figure 7.1: Cascaded Performance Trendline: LaDiCoW performance (CER) as a function of LaDi
performance (JER).

In Figure 7.1, the left-most blue dot represents LaDiCoW given silver language diarization
(JER=0) and the right-most dot represents LaDiCoW given predicted language diarization (JER=19.61).
The remaining blue dots represent LaDiCoW given simulated language diarizations with linearly
decreasing JER: this trend-line estimates that LaDiCoW surpasses the Whisper-FT baseline on
CSFL-READ if JER is less than 8.1. This analysis suggests that any future improvements to
language diarization are expected to yield linear improvements to ASR performance.
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Breakdowns by Language
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Figure 7.2: Language Diarization by Language (CSFL-READ).

In Figure 7.2, we breakdown the language diarization performance of LaDi (All) across the 13
languages (12 matrix, 1 embedded) of the CSFL-READ set. Compared to the Whisper Pipeline
baseline, LaDi’s performance is far more consistent across languages. Unsurprisingly English, the
only embedded language, had highest JER for LaDi in this breakdown.
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Figure 7.3: ASR by Language (CSFL-READ). Code-switched language pairs with distinct writing
scripts are colored red.

In Figure 7.3, we breakdown the ASR performance of LaDiCoW (All) across the 12 code-
switched language-pairs of the CSFL-READ set. Compared to the two Whisper baselines, LaDi-
CoW performed significantly better on language pairs with distinct writing scripts, high-
lighting the benefit of LaDiCoW’s ability to switch between language-specific transcription modes
within an utterance.
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7.6 Conclusion

We demonstrate that by conditioning Whisper on language diarization, rather than statically setting
an utterance-level language ID, code-switched transcription performance improves significantly.
Our results also indicate that synthetic code-switched data can enable the construction of reason-
able language diarization and language-diarization-conditioned ASR systems, but does not obviate
the need for the collection of naturally occurring code-switched speech. We hope that this proof of
concept affects future development towards new speech systems that can “code-switch anything”.
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Part III

Sequential, Non-Temporal Multi-Sequence
Modeling
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Chapter 8

Multi-Decoder: End-to-End Differentiable
Cascaded Speech Translation

Summary

This chapter delves into sequential, non-temporal multi-sequence modeling which is required for
speech translation with an end-to-end model.

End-to-end approaches for sequence tasks are becoming increasingly popular. Yet for complex
sequence tasks, like speech translation, systems that cascade several models trained on sub-tasks
have shown to be superior, suggesting that the compositionality of cascaded systems simplifies
learning and enables sophisticated search capabilities. In this chapter, we present an end-to-end
framework that exploits compositionality to learn searchable hidden representations at interme-
diate stages of a sequence model using decomposed sub-tasks. These hidden intermediates can
be improved using beam search to enhance the overall performance and can also incorporate ex-
ternal models at intermediate stages of the network to re-score or adapt towards out-of-domain
data. One instance of the proposed framework is a Multi-Decoder model for speech translation
that extracts the searchable hidden intermediates from a speech recognition sub-task. The model
demonstrates the aforementioned benefits and outperforms the previous state-of-the-art by around
+6 and +3 BLEU on the two test sets of Fisher-CallHome and by around +3 and +4 BLEU on the
English-German and English-French test sets of MuST-C.

8.1 Introduction

The principle of compositionality loosely states that a complex whole is composed of its parts and
the rules by which those parts are combined (Lake and Baroni, 2018). This principle is present
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in engineering, where task decomposition of a complex system is required to assess and optimize
task allocations (Levis et al., 1994), and in natural language, where paragraph coherence and dis-
course analysis rely on decomposition into sentences (Johnson, 1992; Kuo, 1995) and sentence
level semantics relies on decomposition into lexical units (Liu et al., 2020c).

Similarly, many sequence-to-sequence tasks that convert one sequence into another (Sutskever
et al., 2014) can be decomposed to simpler sequence sub-tasks in order to reduce the overall com-
plexity. For example, speech translation systems, which seek to process speech in one language and
output text in another language, can be naturally decomposed into the transcription of source lan-
guage audio through automatic speech recognition (ASR) and translation into the target language
through machine translation (MT). Such cascaded approaches have been widely used to build prac-
tical systems for a variety of sequence tasks like hybrid ASR (Hinton et al., 2012), phrase-based
MT (Koehn et al., 2007b), and cascaded ASR-MT systems for speech translation (ST) (Pham et al.,
2019a).

End-to-end sequence models like encoder-decoder models (Bahdanau et al., 2015; Vaswani
et al., 2017), are attractive in part due to their simplistic design and the reduced need for hand-
crafted features. However, studies have shown mixed results compared to cascaded models par-
ticularly for complex sequence tasks like speech translation (Inaguma et al., 2020) and spoken
language understanding (Coucke et al., 2018). Although direct target sequence prediction avoids
the issue of error propagation from one system to another in cascaded approaches (Tzoukermann
and Miller, 2018), there are many attractive properties of cascaded systems, missing in end-to-end
approaches, that are useful in complex sequence tasks.

In particular, we are interested in (1) the strong search capabilities of the cascaded systems that
compose the final task output from individual system predictions (Mohri et al., 2002; Kumar et al.,
2006; Beck et al., 2019), (2) the ability to incorporate external models to re-score each individual
system (Och and Ney, 2002; Huang and Chiang, 2007), (3) the ability to easily adapt individual
components towards out-of-domain data (Koehn and Schroeder, 2007; Peddinti et al., 2015), and
finally (4) the ability to monitor performance of the individual systems towards the decomposed
sub-task (Tillmann and Ney, 2003; Meyer et al., 2016).

In this paper, we seek to incorporate these properties of cascaded systems into end-to-end
sequence models. We first propose a generic framework to learn searchable hidden intermediates
using an auto-regressive encoder-decoder model for any decomposable sequence task (§8.3). We
then apply this approach to speech translation, where the intermediate stage is the output of ASR,
by passing continuous hidden representations of discrete transcript sequences from the ASR sub-
net decoder to the MT sub-net encoder. By doing so, we gain the ability to use beam search
with optional external model re-scoring on the hidden intermediates, while maintaining end-to-end
differentiability. Next, we suggest mitigation strategies for the error propagation issues inherited
from decomposition.
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(a)	Multi-Decoder	ST	Model (b)	Multi-Sequence	Attention

Figure 8.1: The left side present the schematics and the information flow of our proposed frame-
work applied to ST, in a model we call the Multi-Decoder. Our model decomposes ST into ASR
and MT sub-nets, each of which consist of an encoder and decoder. The right side displays a Multi-
Sequence Attention variant of the DECODERST that is conditioned on both speech information via
the ENCODERASR and transcription information via the ENCODERST.

We show the efficacy of searchable intermediate representations in our proposed model, called
the Multi-Decoder, on speech translation with a 5.4 and 2.8 BLEU score improvement over the
previous state-of-the-arts for Fisher and CallHome test sets respectively (§8.6). We extend these
improvements by an average of 0.5 BLEU score through the aforementioned benefit of re-scoring
the intermediate search with external models trained on the same dataset. We also show a method
for monitoring sub-net performance using oracle intermediates that are void of search errors (§8.6).
Finally, we show how these models can adapt to out-of-domain speech translation datasets, how
our approach can be generalized to other sequence tasks like speech recognition, and how the
benefits of decomposition persist even for larger corpora like MuST-C (§8.6).

8.2 Background and Motivation

Compositionality in Sequences Models

The probabilistic space of a sequence is combinatorial in nature, such that a sentence of L words
from a fixed vocabulary V would have an output space S of size |V|L. In order to deal with this
combinatorial output space, an output sentence is decomposed into labeled target tokens, y =

(y1, y2, . . . , yL), where yl ∈ V .

P (y | x) =
L∏

i=1

P (yi | x, y1:i−1)

98



An auto-regressive encoder-decoder model uses the above probabilistic decomposition in sequence-
to-sequence tasks to learn next word prediction, which outputs a distribution over the next target
token yl given the previous tokens y1:l−1 and the input sequence x = (x1,xt, . . . ,xT ), where T

is the input sequence length. In the next sub-section we detail the training and inference of these
models.

Auto-regressive Encoder-Decoder Models

Training: In an auto-regressive encoder-decoder model, the ENCODER maps the input sequence
x to a sequence of continuous hidden representations hE = (hE

1 ,h
E
t , . . . ,h

E
T ), where hE

t ∈ Rd.
The DECODER then auto-regressively maps hE and the preceding ground-truth output tokens,
ŷ1:l−1, to hD

l , where hD
l ∈ Rd. The sequence of decoder hidden representations form hD =

(hD
1 ,h

D
l , . . . ,h

D
L ) and the likelihood of each output token yl is given by SOFTMAXOUT, which

denotes an affine projection of hD
l to V followed by a softmax function.

hE = ENCODER(x)

ĥD
l = DECODER(hE, ŷ1:l−1) (8.1)

P (yl | ŷ1:l−1,h
E) = SOFTMAXOUT(ĥD

l ) (8.2)

During training, the DECODER performs token classification for next word prediction by consid-
ering only the ground truth sequences for previous tokens ŷ. We refer to this ĥD as oracle decoder
representations, which will be discussed later.
Inference: During inference, we can maximize the likelihood of the entire sequence from the
output space S by composing the conditional probabilities of each step for the L tokens in the
sequence.

hD
l = DECODER(hE, y1:l−1) (8.3)

P (yl | x, y1:l−1) = SOFTMAXOUT(hD
l )

ỹ =argmax
y∈S

L∏

i=1

P (yi | x, y1:i−1) (8.4)

This is an intractable search problem and it can be approximated by either greedily choosing
argmax at each step or using a search algorithm like beam search to approximate ỹ. Beam search
(Reddy, 1988) generates candidates at each step and prunes the search space to a tractable beam
size of B most likely sequences. As B → ∞, the beam search result would be equivalent to
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equation 8.4.

GREEDYSEARCH := argmax
yl

P (yl | x, y1:l−1)

BEAMSEARCH := BEAM(P (yl | x, y1:l−1))

In approximate search for auto-regressive models, like beam search, the DECODER receives al-
ternate candidates of previous tokens to find candidates with a higher likelihood as an overall
sequence. This also allows for the use of external models like Language Models (LM) or Connec-
tionist Temporal Classification Models (CTC) for re-scoring candidates (Hori et al., 2017b).

8.3 Proposed Framework

In this section, we present a general framework to exploit natural decompositions in sequence tasks
which seek to predict some output C from an input sequenceA. If there is an intermediate sequence
B for which A → B sequence transduction followed by B → C prediction achieves the original
task, then the original A → C task is decomposable.

In other words, if we can learn P (B | A) then we can learn the overall task of P (C | A)
through maxB(P (C | A, B)P (B | A)), approximated using Viterbi search. We define a first
encoder-decoder SUBA→BNET to map an input sequenceA to a sequence of decoder hidden states,
hDB . Then we define a subsequent SUBB→CNET to map hDB to the final probabilistic output space
of C. Therefore, we call hDB hidden intermediates. The following equations shows the two sub-
networks of our framework, SUBA→BNET and SUBB→CNET, which can be trained end-to-end
while also exploiting compositionality in sequence tasks. 1

SUBA→BNET:

hE = ENCODERA(A)
ĥDB
l = DECODERB(h

E, ŷB
1:l−1)

P (yBl | ŷB
1:l−1,h

E) = SOFTMAXOUT(ĥDB
l ) (8.5)

SUBB→CNET:
P (C | ĥDB

l ) = SUBB→CNET(ĥDB
l ) (8.6)

1Note that this framework does not use locally-normalized softmax distributions but rather the hidden representations,
thereby avoiding label bias issues when combining multiple sub-systems (Bottou et al., 1997; Wiseman and Rush,
2016).
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Note that the final prediction, given by equation 8.6, does not need to be a sequence and can be a
categorical class like in spoken language understanding tasks. Next we will show how the hidden
intermediates become searchable during inference.

Searchable Hidden Intermediates

As stated in section §8.2, approximate search algorithms maximize the likelihood, P (y | x), of
the entire sequence by considering different candidates yl at each step. Candidate-based search,
particularly in auto-regressive encoder-decoder models, also affects the decoder hidden repre-
sentation, hD, as these are directly dependent on the previous candidate (refer to equations 8.1
and 8.3). This implies that by searching for better approximations of the previous predicted to-
kens, yl−1 = (yBEAM)l−1, we also improve the decoder hidden representations for the next token,
hD
l = (hD

BEAM)l. As yBEAM → ŷ, the decoder hidden representations tend to the oracle decoder
representations that have only errors from next word prediction, hD

BEAM → ĥD. A perfect search is
analogous to choosing the ground truth ŷ at each step, which would yield ĥD.

We apply this beam search of hidden intermediates, thereby approximating ĥDB with hDB
BEAM.

This process is illustrated in algorithm 1, which shows beam search for hDB
BEAM that are subsequently

passed to the SUBB→CNET.2 An external model like an LM or a CTC model can be used to gen-
erate an alternate sequence likelihood, PEXT(y

B
l ), which can be combined with the SUBA→BNET

likelihood, PB(yB
l | x) , with a tunable parameter λ.

We can monitor the performance of the SUBA→BNET by comparing the decoded intermediate
sequence yB

BEAM to the ground truth ŷB. We can also monitor the SUBB→CNET performance by
using the aforementioned oracle representations of the intermediates, ĥDB , which can be obtained
by feeding the ground truth ŷB to DECODERB. By passing ĥDB to SUBB→CNET, we can observe
its performance in a vacuum, i.e. void of search errors in the hidden intermediates.

Multi-Decoder Model

In order to show the applicability of our end-to-end framework we propose our Multi-Decoder
model for speech translation. This model predicts a sequence of text translations yST from an input
sequence of speech x and uses a sequence of text transcriptions yASR as an intermediate. In this
case, the SUBA→BNET in equation 8.5 is specified as the ASR sub-net and the SUBB→CNET in
equation 8.6 is specified as the MT sub-net. Since the MT sub-net is also a sequence prediction
task, both sub-nets are encoder-decoder models in our architecture (Bahdanau et al., 2015; Vaswani
et al., 2017). In Figure 8.1 we illustrate the schematics of our transformer based Multi-Decoder ST

2The algorithm shown only considers a single top approximation of the search; however, with added time-complexity,
the final task prediction improves with the n-best hDB

BEAM for selecting the best resultant C.
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Algorithm 1 Beam Search for Hidden Intermediates: We perform beam search to approximate
the most likely sequence for the sub-task A → B, yB

BEAM, while collecting the corresponding
DECODERB hidden representations, hDB

BEAM. The output hDB
BEAM, is passed to the final sub-network to

predict final output C and yB
BEAM is used for monitoring performance on predicting B.

Initialize: BEAM ← {sos}; k← beam size
hEA ← ENCODERA(x)

1. For l = 1 to maxSTEPS:
(a) For each yB

l−1 ∈ BEAM:

i. Compute decoder hidden state: hDB
l ← DECODERB(hEA ,yB

l−1)
ii. For each candidate token yB

l ∈ yB
l−1 + {V}:

A. Compute score: sl ← PA→B(yB
l | x)1−λPEXT(y

B
l )

λ

B. Store hypothesis: H ← (sl,y
B
l ,h

DB
l )

(b) Update beam: BEAM ← argkmax(H)

(sB,yB
BEAM,h

DB
BEAM)← argmax(BEAM)

Return yB
BEAM → SUBA→BNET Return hDB

BEAM → Final SUBB→CNET

model which can also be summarized as follows:

hEASR = ENCODERASR(x) (8.7)

ĥDASR

l = DECODERASR(h
EASR , ŷASR

1:l−1) (8.8)

hEST = ENCODERST(ĥ
DASR) (8.9)

ĥDST

l = DECODERST(h
EST , ŷST

1:l−1) (8.10)

As we can see from Equations 8.9 and 8.10, the MT sub-network attends only to the decoder
representations, ĥDASR , of the ASR sub-network, which could lead to the error propagation issues
from the ASR sub-network to the MT sub-network similar to the cascade systems, as mentioned
in §8.1. To alleviate this problem, we modify equation 8.10 such that DECODERST attends to both
hEST and hEASR :

ĥ
DSA

ST

l = DECODERSA
ST (h

EST ,hEASR , ŷST
1:l−1) (8.11)

We use the multi-sequence cross-attention discussed by Helcl et al. (2018), shown on the right side
of Figure 8.1, to condition the final outputs generated by ĥDST

l on both speech and transcript infor-
mation in an attempt to allow our network to recover from intermediate mistakes during inference.
We call this model the Multi-Decoder w/ Speech-Attention.
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8.4 Baseline Encoder-Decoder Model

For our baseline model, we use an end-to-end encoder-decoder (Enc-Dec) ST model with ASR
joint training (Inaguma et al., 2020) as an auxiliarly loss to the speech encoder. In other words, the
model consumes speech input using the ENCODERASR, to produce hEASR , which is used for cross-
attention by DECODERASR and the DECODERST. Using the decomposed ASR task as an auxiliary
loss also helps the baseline Enc-Dec model and provide strong baseline performance, as we will
see in Section 8.6.

8.5 Data and Experimental Setup

Data: We demonstrate the efficacy of our proposed approach on ST in the Fisher-CallHome
corpus (Post et al., 2013) which contains 170 hours of Spanish conversational telephone speech,
transcriptions, and English translations. All punctuations except apostrophes were removed and
results are reported in terms of detokenized case-insensitive BLEU (Papineni et al., 2002; Post,
2018). We compute BLEU using the 4 references in Fisher (dev, dev2, and test) and the single
reference in CallHome (dev and test) (Post et al., 2013; Kumar et al., 2014; Weiss et al., 2017).
We use a joint source and target vocabulary of 1K byte pair encoding (BPE) units (Kudo and
Richardson, 2018a).

We prepare the corpus using the ESPnet library and we follow the standard data preparation,
where inputs are globally mean-variance normalized log-mel filterbank and pitch features from
up-sampled 16kHz audio (Watanabe et al., 2018). We also apply speed perturbations of 0.9 and
1.1 and the SS SpecAugment policy (Park et al., 2019).

Baseline Configuration: All of our models are implemented using the ESPnet library and trained
on 3 NVIDIA Titan 2080Ti GPUs for ≈12 hours. For the Baseline Enc-Dec baseline, discussed in
§8.4, we use an ENCODERASR consisting of a convolutional sub-sampling by a factor of 4 (Watan-
abe et al., 2018) and 12 transformer encoder blocks with 2048 feed-forward dimension, 256 at-
tention dimension, and 4 attention heads. The DECODERASR and DECODERST both consist of 6
transformer decoder blocks with the same configuration as ENCODERASR. There are 37.9M train-
able parameters. We apply dropout of 0.1 for all components, detailed in the Appendix (8.9).

We train our models using an effective batch-size of 384 utterances and use the Adam optimizer
(Kingma and Ba, 2015) with inverse square root decay learning rate schedule. We set learning rate
to 12.5, warmup steps to 25K, and epochs to 50. We use joint training with hybrid CTC/attention
ASR (Watanabe et al., 2017b) by setting mtl-alpha to 0.3 and asr-weight to 0.5 as defined by
Watanabe et al. (2018). During inference, we perform beam search (Seki et al., 2019b) on the ST
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sequences, using a beam size of 10, length penalty of 0.2, max length ratio of 0.3 (Watanabe et al.,
2018).

Multi-Decoder Configuration: For the Multi-Decoder ST model, discussed in §8.3, we use the
same transformer configuration as the baseline for the ENCODERASR, DECODERASR, and DECODERST.
Additionally, the Multi-Decoder has an ENCODERST consisting of 2 transformer encoder blocks
with the same configuration as ENCODERASR, giving a total of 40.5M trainable parameters. The
training configuration is also the same as for the baseline. For the Multi-Decoder w/ Speech-
Attention model (42.1M trainable parameters), we increase the attention dropout of the ST decoder
to 0.4 and dropout on all other components of the ST decoder to 0.2 while keeping dropout on the
remaining components at 0.1. We verified that increasing the dropout does not help the vanilla
multi-decoder ST model.

During inference, we perform beam search on both the ASR and ST output sequences, as
discussed in §8.3. The ST beam search is identical to that of the baseline. For the intermediate
ASR beam search, we use a beam size of 16, length penalty of 0.2, max length ratio of 0.3. In
some of our experiments, we also include fusion of a source language LM with a 0.2 weight and
CTC with a 0.3 weight to re-score the intermediate ASR beam search (Watanabe et al., 2017b).
For the Speech-Attention variant, we increase LM weight to 0.4.

Note that the ST beam search configuration remains constant across our baseline and Multi-
Decoder experiments as our focus is on improving overall performance through searchable inter-
mediate representations. Thus, the various re-scoring techniques applied to the ASR beam search
are options newly enabled by our proposed architecture and are not used in the ST beam search.

8.6 Results

Table 8.1 presents the overall ST performance (BLEU) of our proposed Multi-Decoder model. Our
model improves by +2.9/+0.3 (Fisher/CallHome) over the best cascaded baseline and by +5.6/+1.5
BLEU over the best published end-to-end baselines. With Speech-Attention, our model improves
by +3.4/+1.6 BLEU over the cascaded baselines and +7.1/+2.8 BLEU over encoder-decoder base-
lines. Both the Multi-Decoder and Multi-Decoder w/ Speech-Attention on average are further
improved by +0.9/+0.4 BLEU through ASR re-scoring.3

Table 8.1 also includes our implementation of the Baseline Enc-Dec model discussed in §8.4.
In this way, we are able to make a fair comparison with our framework as we control the model and
inference configurations to be analagous. For instance, we keep the same search parameters for the

3We also evaluate our models using other MT metrics to supplement these results, as shown in the Appendix (8.9).
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Uses Speech Fisher CallHome

Model Type Model Name Transcripts dev(↑) dev2(↑) test(↑) dev(↑) test(↑)
Cascade Inaguma et al. (2020) ✓ 41.5 43.5 42.2 19.6 19.8
Cascade ESPnet ASR+MT (2018) ✓ 50.4 51.2 50.7 19.6 19.2

Enc-Dec Weiss et al. (2017) ♢ ✗ 46.5 47.3 47.3 16.4 16.6
Enc-Dec Weiss et al. (2017) ♢ ✓ 48.3 49.1 48.7 16.8 17.4
Enc-Dec Inaguma et al. (2020) ✓ 46.6 47.6 46.5 16.8 16.8
Enc-Dec Guo et al. (2021) ✓ 48.7 49.6 47.0 18.5 18.6
Enc-Dec Our Implementation ✓ 49.6 50.9 49.5 19.1 18.2

Multi-Decoder Our Proposed Model ✓ 52.7 53.3 52.6 20.5 20.1
Multi-Decoder +ASR Re-scoring ✓ 53.3 54.2 53.7 21.1 20.8
Multi-Decoder +Speech-Attention ✓ 54.6 54.6 54.1 21.7 21.4
Multi-Decoder +ASR Re-scoring ✓ 55.2 55.2 55.0 21.7 21.5

Table 8.1: Results presenting the overall performance (BLEU) of our proposed multi-decoder
model. Cascade and Enc-Dec results from previous papers and our own implementation of the
Enc-Dec are shown for comparison. The best performing models are highlighted. ♢Implemented
with LSTM, while all others are Transformer-based.

final output in the baseline and the Multi-Decoder to demonstrate impact of the intermediate beam
search.

Benefits

Sub-network Performance Monitoring

An added benefit of our proposed approach over the Baseline Enc-Dec is the ability to monitor the
individual performances of the ASR (% WER) and MT (BLEU) sub-nets as shown in Table 8.2.
The Multi-Decoder w/ Speech-Attention shows a greater MT sub-net performance than the Multi-
Decoder as well as a slight improvement of the ASR sub-net, suggesting that ST can potentially
help ASR.

Beam Search for Better Intermediates

The overall ST performance improves when a higher beam size is used in the intermediate ASR
search, and this increase can be attributed to the improved ASR sub-net performance. Figure 1
shows this trend across ASR beam sizes of 1, 4, 8, 10, 16 while fixing the ST decoding beam size
to 10. A beam size of 1, which is a greedy search, results in lower ASR sub-net and overall ST
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Overall Sub-Net Sub-Net
Model ST(↑) ASR(↓) MT(↑)
Multi-Decoder 52.7 22.6 64.9

+Speech-Attention 54.6 22.4 66.6

Table 8.2: Results presenting the overall ST performance (BLEU) of our Multi-Decoder models,
along with their sub-net ASR (% WER) and MT (BLEU) performances. All results are from the
Fisher dev set.

performances. As beam sizes become larger, gains taper off as can be seen between beam sizes of
10 and 16.

External Models for Better Search

External models like CTC acoustic models and language models are commonly used for re-scoring
encoder-decoder models (Hori et al., 2017b), due to the difference in their modeling capabilities.
CTC directly models transcripts while being conditionally independent on the other outputs given
the input, and LMs predict the next token in a sequence.

Both variants of the Multi-Decoder improve due to improved ASR sub-net performance using
external CTC and LM models for re-scoring, as shown in Table 8.3. We use a recurrent neural
network LM trained on the Fisher-CallHome Spanish transcripts with a dev perplexity of 18.8
and the CTC model from joint loss applied during training. Neither external model incorporates
additional data. Although the impact of the LM-only re-scoring is not shown in the ASR % WER,
it reduces substitution and deletion rates in the ASR and this is observed to help the overall ST
performance.

Error Propagation Avoidance

As discussed in §8.3, our Multi-Decoder model inherits the error propagation issue as can be seen
in Figure 8.3. For the easiest bucket of utterances with < 40% WER in Multi-Decoder’s ASR sub-
net, our model’s ST performance, as measured by the corpus BLEU of the bucket, exceeds that
of the Baseline Enc-Dec. The inverse is true for the more difficult bucket of [40, 80)%, showing
that error propagation is limiting the performance of our model; however, we show that multi-
sequence attention can alleviate this issue. For extremely difficult utterances in the ≥ 80% bucket,
ST performance for all three approaches is suppressed. We also provide qualitative examples of
error propagation avoidance in the Appendix (8.9).
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Figure 8.2: Results studying the effect of the different ASR beam sizes in the intermediate rep-
resentation search on the overall ST performance (BLEU) and the ASR sub-net performance
(% WER) for our multi-decoder model. Beam of 1 is same as greedy search.

Generalizability

In this section, we discuss the generalizability of our framework towards out-of-domain data. We
also extend our Multi-Decoder model to other sequence tasks like speech recognition. Finally, we
apply our ST models to a larger corpus with more language pairs and a different domain of speech.

Robustness through Decomposition

Like cascaded systems, searchable intermediates provide our model adaptability in individual sub-
systems towards out-of-domain data using external in-domain language model, thereby giving
access to more in-domain data. Specifically for speech translation systems, this means we can use
in-domain language models in both source and target languages. We test the robustness of our
Multi-Decoder model trained on Fisher-CallHome conversational speech dataset on read speech
CoVost-2 dataset (Wang et al., 2020b). In Table 8.4 we show that re-scoring the ASR sub-net
with an in-domain LM improves ASR with around 10.0% lower WER, improving the overall ST
performance by around +2.5 BLEU. Compared to an in-domain ST baseline (Wang et al., 2020a),
our out-of-domain Multi-Decoder with in-domain ASR re-scoring demonstrates the robustness of
our approach.
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Overall Sub-Net
Model ST(↑) ASR(↓)
Multi-Decoder 52.7 22.6
+ASR Re-scoring w/ LM 53.2 22.6
+ASR Re-scoring w/ CTC 52.8 22.1
+ASR Re-scoring w/ LM 53.3 21.7

Multi-Decoder w/ Speech-Attn. 54.6 22.4
+ASR Re-scoring w/ LM 55.1 22.4
+ASR Re-scoring w/ CTC 54.7 22.0
+ASR Re-scoring w/ LM 55.2 21.9

Table 8.3: Results presenting the overall ST performance (BLEU) and the sub-net ASR (% WER)
of our Multi-Decoder models with external CTC and LM re-scoring in the ASR intermediate rep-
resentation search. All results are from the Fisher dev set.

Decomposing Speech Transcripts

We apply our generic framework to another decomposable sequence task, speech recognition, and
show the results of various levels of decomposition in Table 8.5. We show that with phoneme,
character, or byte-pair encoding (BPE) sequences as intermediates, the Multi-Decoder presents
strong results on both Fisher and CallHome test sets. We also observe that the BPE intermediates
perform better than phoneme/character variants, which could be attributed to the reduced search
capabilities of encoder-decoder models using beam search on longer sequences (Sountsov and
Sarawagi, 2016) like in phoneme/character sequences.

Extending to MuST-C Language Pairs

In addition to our results using the 170 hours of the Spanish-English Fisher-CallHome corpus, in
Table 8.6 we show that our decompositional framework is also effective on larger ST corpora. In
particular, we use 400 hours of English-German and 500 hours of English-French ST from the
MuST-C corpus (Di Gangi et al., 2019). Our Multi-Decoder model improves by +2.7 and +1.5
BLEU, in German and French respectively, over end-to-end baselines from prior works that do
not use additional training data. We show that ASR re-scoring gives an additional +0.1 and +0.4
BLEU improvement. 4

By extending our Multi-Decoder models to this MuST-C study, we show the generalizability of
our approach across several dimensions of ST tasks. First, our approach consistently improves over
4Details of the MuST-C data preparation and model parameters are detailed in Appendix (8.9).
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Figure 8.3: Results comparing the ST performances (BLEU) of our Baseline Enc-Dec, Multi-
Decoder, and Multi-Decoder w/ Speech-Attention across different ASR difficulties measured using
% WER on the Fisher dev set (1-ref). The buckets on the x-axis are determined using the utterance
level % WER using the Multi-Decoder ASR sub-net performance.

baselines across multiple language-pairs. Second, our approach is robust to the distinct domains
of telephone conversations from Fisher-CallHome and the TED-Talks from MuST-C. Finally, by
scaling from 170 hours of Fisher-CallHome data to 500 hours of MuST-C data, we show that the
benefits of decomposing sequence tasks with searchable hidden intermediates persist even with
more data.

Furthermore, the performance of our Multi-Decoder models trained with only English-German
or English-French ST data from MuST-C is comparable to other methods which incorporate larger
external ASR and MT data in various ways. For instance, Zheng et al. (2021) use 4700 hours
of ASR data and 2M sentences of MT data for pretraining and multi-task learning. Similarly,
Bahar et al. (2021) use 2300 hours of ASR data and 27M sentences of MT data for pretraining.
Our competitive performance without the use of any additional data highlights the data-efficient
nature of our proposed end-to-end framework as opposed to the baseline encoder-decoder model,
as pointed out by Sperber and Paulik (2020).
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Overall Sub-Net
Model ST(↑) ASR(↓)
IN-DOMAIN ST MODEL

Baseline (Wang et al., 2020b) 12.0 -
+ASR Pretrain (Wang et al., 2020b) ♢ 23.0 16.0

OUT-OF-DOMAIN ST MODEL

Multi-Decoder 11.8 46.8
+ASR Re-scoring w/ in-domain LM 14.4 36.7

Multi-Decoder w/ Speech-Attention 12.6 46.5
+ASR Re-scoring w/ in-domain LM 15.0 36.7

Table 8.4: Results presenting the overall ST performance (BLEU) and the sub-net ASR (% WER)
of our Multi-Decoder models when tested on out-of-domain data. All models were trained on the
Fisher-CallHome Es→En corpus and tested on CoVost2 Es→En corpus. ♢Pretrained with 364
hours of in-domain ASR data.

8.7 Discussion and Relation to Prior Work

Compositionality: A number of recent works have constructed composable neural network mod-
ules for tasks such as visual question answering (Andreas et al., 2016), neural MT (Raunak et al.,
2019), and synthetic sequence-to-sequence tasks (Lake, 2019). Modules that are first trained sep-
arately can subsequently be tightly integrated into a single end-to-end trainable model by passing
differentiable soft decisions instead of discrete decisions in the intermediate stage (Bahar et al.,
2021). Further, even a single encoder-decoder model can be decomposed into modular compo-
nents where the encoder and decoder modules have explicit functions (Dalmia et al., 2019).

Joint Training with Sub-Tasks: End-to-end sequence models been shown to benefit from in-
troducing joint training with sub-tasks as auxiliary loss functions for a variety of tasks like ASR
(Kim et al., 2017), ST (Salesky et al., 2019; Liu et al., 2020b; Dong et al., 2020; Le et al., 2020a),
SLU (Haghani et al., 2018). They have been shown to induce structure (Belinkov et al., 2020) and
improve the model performance (Toshniwal et al., 2017), but this joint training may reduce data
efficiency if some sub-nets are not included in the final end-to-end model (Sperber et al., 2019;
Wang et al., 2020c). Our framework avoids this sub-net waste at the cost of computational load
during inference.
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Fisher CallHome
Model Intermediate ASR(↓) ASR(↓)
Enc-Dec ♢ - 23.2 45.3

Multi-Decoder Phoneme 20.7 40.0
Multi-Decoder Character 20.4 39.9
Multi-Decoder BPE100 19.7 38.9

Table 8.5: Results presenting the % WER ASR performance when using the Multi-Decoder model
on decomposed ASR task with phoneme, character, and BPE100 as intermediates. All results are
from the Fisher-CallHome Spanish corpus. ♢(Weiss et al., 2017)

Speech Translation Decoders: Prior works have used ASR/MT decoding to improve the overall
ST decoding through synchronous decoding (Liu et al., 2020b), dual decoding (Le et al., 2020a),
and successive decoding (Dong et al., 2020). These works partially or fully decode ASR transcripts
and use discrete intermediates to assist MT decoding. Tu et al. (2017) and Anastasopoulos and
Chiang (2018) are closest to our multi-decoder ST model, however the benefits of our proposed
framework are not entirely explored in these works.

Two-Pass Decoding: Two-pass decoding involves first predicting with one decoder and then re-
evaluating with another decoder (Geng et al., 2018; Sainath et al., 2019; Hu et al., 2020; Rijhwani
et al., 2020). The two decoders iterate on the same sequence, so there is no decomposition into
sub-tasks in this method. On the other hand, our approach provides the subsequent decoder with a
more structured representation than the input by decomposing the complexity of the overall task.
Like two-pass decoding, our approach provides a sense of the future to the second decoder which
allows it to correct mistakes from the previous first decoder.

Auto-Regressive Decoding: As auto-regressive decoders inherently learn a language model along
with the task at hand, they tend to be domain specific (Samarakoon et al., 2018; Müller et al., 2020).
This can cause generalizability issues during inference (Murray and Chiang, 2018a; Yang et al.,
2018), impacting the performance of both the task at hand and any downstream tasks. Our ap-
proach alleviates these problems through intermediate search, external models for intermediate
re-scoring, and multi-sequence attention.
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En→De En→Fr
Model ST(↑) ST(↑)
NeurST (Zhao et al., 2020) 22.9 33.3
Fairseq S2T (Wang et al., 2020a) 22.7 32.9
ESPnet-ST (Inaguma et al., 2020) 22.9 32.7
Dual-Decoder (Le et al., 2020a) 23.6 33.5

Multi-Decoder w/ Speech-Attn. 26.3 37.0
+ASR Re-scoring 26.4 37.4

Table 8.6: Results presenting the overall ST performance (BLEU) of our Multi-Decoder
w/ Speech-Attention models with ASR re-scoring across two language-pairs, English-German
(En→De) and English-French (En→Fr). All results are from the MuST-C tst-COMMON sets.
All models use speech transcripts.

8.8 Conclusion and Future Work

We present searchable hidden intermediates for end-to-end models of decomposable sequence
tasks. We show the efficacy of our Multi-Decoder model on the Fisher-CallHome Es→En and
MuST-C En→De and En→Fr speech translation corpora, achieving state-of-the-art results. We
present various benefits in our framework, including sub-net performance monitoring, beam search
for better hidden intermediates, external models for better search, and error propagation avoid-
ance. Further, we demonstrate the flexibility of our framework towards out-of-domain tasks with
the ability to adapt our sequence model at intermediate stages of decomposition. Finally, we show
generalizability by training Multi-Decoder models for the speech recognition task at various levels
of decomposition.

We hope insights derived from our study stimulate research on tighter integrations between
the benefits of cascaded and end-to-end sequence models. Exploiting searchable intermediates
through beam search is just the tip of the iceberg for search algorithms, as numerous approximate
search techniques like diverse beam search (Vijayakumar et al., 2018) and best-first beam search
(Meister et al., 2020) have been recently proposed to improve diversity and approximation of the
most-likely sequence. Incorporating differentiable lattice based search (Hannun et al., 2020) can
also allow the subsequent sub-net to digest n-best representations.

We’ve now established the efficacy of sequential, non-temporal multi-sequence modeling for
speech translation on a number of high resourced language pairs. Next, we consider a more re-
source constrained setting.
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Model / Source ASR Output ST Output

Ground-Truth . . . porque tengo a mis dos hijos acá . . . because i have my two children here
Multi-Decoder . . . porque tengo mis dos hijos acá . . . because i have two kids here

+Speech-Attention . . . porque tengo mis dos hijos acá . . . because i have my two children here

Ground-Truth puedes ayudar para que se haga justicia más rápido you can help so that justice is served quickly
Multi-Decoder puedes ayudar para que sea justicia más rápido you can help so it’s faster

+Speech-Attention puedes ayudar para que sea justicia más rápido you can help so that it’s faster justice

Ground-Truth pero tiene muchas cosas muy bonitas but there are many beautiful things
Multi-Decoder pero tienen muchas cosas muy bonitas but they have a lot of nice things

+Speech-Attention pero tienen muchas cosas muy bonitas but there are many very beautiful things

Ground-Truth acampar ir a pescar y ir a las montañas a esquiar camping and fishing and going to the mountains to ski
Multi-Decoder acampar y a pescar y y de las montañas esquiar camping and fishing and and the mountains skiing

+Speech-Attention a campar y ir a pescar y ir a las montañas a esquiar camping and go fishing and go to the mountains to ski

Table 8.7: Examples where the Multi-Decoder and Multi-Decoder w/ Speech-Attention models
make errors in the ASR portion of Spanish-English ST. In these cases the Speech-Attention com-
ponent alleviates ASR error propagation, producing correct translations despite mistakes in tran-
scription. Words that are transcribed/translated correctly are highlighted in green and those that
are incorrect are in pink .

8.9 Appendix

Training and Inference hyperparameters

We tune training and inference hyperparameters using only the dev sets. We first determined the
best hyperparameters for our baseline Enc-Dec implementation and fixed all settings not pertain-
ing to the unique searchable hidden intermediates of our Multi-Decoder. Then, we find the best
hyperparameters for our proposed models under these constraints to demonstrate a true compar-
ison against the baseline. For our Speech-Attention variant, we found that increasing attention
dropout in the ST sub-net decoder to 0.4 improved performance, which we verified was not true
for the vanilla Multi-Decoder model. For our external model re-scoring, we found that a CTC
weight of 0.3 is best for all Multi-Decoder and Multi-Decoder w/ Speech-Attention. The best
LM weight for the Multi-Decoder was 0.2, while the best LM weight for the Multi-Decoder w/
Speech-Attention was 0.4. For both of these re-scoring hyperparameters, we tried [0.2, 0.3, 0.4].
For deciding the beam size, we use the experiment demonstrated in Figure 8.2 which uses beam
sizes of [1, 4, 8, 10, 16].
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Fisher test CallHome test

Model BLEU (↑) METEOR(↑) TER(↓) BLEU (↑) METEOR(↑) TER(↓)
Baseline Enc-Dec 49.5 37.9 42.7 18.2 22.9 68.7

Multi-Decoder 52.6 39.7 40.5 20.1 24.6 66.5
+ASR Re-scoring 53.7 40.0 39.6 20.8 24.9 65.3
+Speech-Attention 54.1 40.2 39.2 21.4 25.2 65.3
+ASR Re-scoring 55.0 40.4 38.5 21.5 25.4 64.2

Table 8.8: Results presenting the performance of our Baseline Enc-Dec implementation and our
Multi-Decoder models as evaluated by three metrics: BLEU, METEOR, and Translation Edit Rate
(TER). These are the same models as in Table 8.1, which uses BLEU. All results are from the
Fisher-CallHome Spanish-English test corpus.

Multi-Decoder ST Performance Across Other Automatic MT Metrics

To supplement our overall ST results on the Fisher/CallHome corpus in Table 8.1, which shows
BLEU scores, we also evaluated the same Multi-Decoder and Baseline Enc-Dec (Our Implementa-
tion) models on two additional metrics: METEOR (Banerjee and Lavie, 2005) and Translation Edit
Rate (TER) (Snover et al., 2006). Performance across all three metrics show consistent trends, with
the Multi-Decoder outperforming the Baseline Enc-Dec model on all metrics. We see that both the
Multi-Decoder and Multi-Decoder w/ Speech-Attention models are improved through ASR Re-
scoring. Further, the models with Speech-Attention perform better than those without.

Qualitative Examples of Error Propagation Avoidance

To supplement our qualitative analysis of the error propagation avoidance of the Multi-Decoder
with Speech-Attention model in §8.6, we also show four qualitative examples in Table 8.7. In the
first three examples, the Multi-Decoder and Multi-Decoder with Speech-Attention models both
make the same mistakes in the ASR portion of Spanish-English translation, but the model with
Speech-Attention recovers by producing correct English translations despite mistakes in the Span-
ish transcription. On the other hand, the model without Speech-Attention propagates the Spanish
transcription errors into English translation errors. In the fourth example only the Multi-Decoder
w/ Speech-Attention makes a mistake in Spanish transcription, but the English translation still
recovers.
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MuST-C Data Setup and Model Details

Data: We extend our approach to other language pairs from the MuST-C speech translation cor-
pus (Di Gangi et al., 2019). These are recordings of TED talks in English with translations in
various target languages. In our experiments we show results on two language pairs, namely,
English-German and English-French. We use the provided dev set for deciding the training and
inference hyperparameters, as mentioned in Appendix (8.9). We report detokenized case-sensitive
BLEU (Post, 2018) on the tst-COMMON set. We apply the same text processing as done in (In-
aguma et al., 2020) and use a joint source and target vocabulary of 8K byte pair encoding (BPE)
units (Kudo and Richardson, 2018a). Similar to §8.5, we use the ESPnet library to prepare the
corpus, and apply the same data preparation and augmentations.

Multi-Decoder Configuration: For the MuST-C experiments, we scaled our Multi-Decoder w/
Speech-Attention config from the Fisher-CallHome experiments by increasing the ENCODERST to
contain 4 transformer encoder blocks. We increased the attention dim and attention heads of the
ENCODERASR and DECODERASR to 512 dimension and 8 heads respectively, while only increasing
the attention dimension to 512 for ENCODERST and DECODERST. This increased the total trainable
parameters to 135M, which we trained on 4 NVIDIA V-100 GPUs for ≈3 days. We also found
that increasing the attention dropout of ASR decoder to 0.2 helped with the increased parameters.
We kept the remaining dropout parameters the same as our previous experiments. We also keep the
remaining training configurations the same like the effective batch-size, learning rate and warmup
steps, loss weighting and SpecAugment policy.

During inference, we use the same beam sizes from our Fisher-CallHome experiments and we
perform a search across the length penalty and max length ratio settings using the MuST-C dev
sets. In the intermediate ASR beam search we use a length penalty of 0.1 and 0.2 for English-
German and English-French respectively. In the ST beam search we use a max length ratio of 0.3
and length penalties of 0.6 and 0.5 for English-German and English-French respectively. For our
experiments with ASR re-scoring, we use a LM weight of 0.1 and a CTC weight of 0.1. In these
re-scoring experiments we also set the ASR length penalty to 0.6 and the ST length penalty to
0.5, while increasing the ST max length ratio to 0.5. The LMs used were trained on the English
transcripts of the MuST-C English-German and English-French corpora, with dev perplexities of
32.7 and 23.2 respectively.
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Chapter 9

Application of Multi-Decoder to Dialectal
Speech Translation

Summary

This chapter applies the Multi-Decoder approach introduced in Chapter 6, a sequential, non-
temporal multi-sequence model, to a resource constrained setting.

This chapter describes CMU’s submissions to the IWSLT 2022 dialect speech translation (ST)
shared task for translating Tunisian-Arabic speech to English text. We use additional paired Mod-
ern Standard Arabic data (MSA) to directly improve the speech recognition (ASR) and machine
translation (MT) components of our cascaded systems. We also augment the paired ASR data
with pseudo translations via sequence-level knowledge distillation from an MT model and use
these artificial triplet ST data to improve our end-to-end (E2E) systems. Our E2E models are
based on the Multi-Decoder architecture with searchable hidden intermediates. We extend the
Multi-Decoder by orienting the speech encoder towards the target language by applying ST super-
vision as hierarchical connectionist temporal classification (CTC) multi-task. During inference,
we apply joint decoding of the ST CTC and ST autoregressive decoder branches of our modified
Multi-Decoder. Finally, we apply ROVER voting, posterior combination, and minimum bayes-
risk decoding with combined N-best lists to ensemble our various cascaded and E2E systems. Our
best systems reached 20.8 and 19.5 BLEU on test2 (blind) and test1 respectively. Without any
additional MSA data, we reached 20.4 and 19.2 on the same test sets.

116



9.1 Introduction

In this chapter, we present CMU’s Tunisian-Arabic to English ST systems submitted to the IWSLT
2022 dialectal ST track (Anastasopoulos et al., 2022). One of our goals is to investigate dialectal
transfer from large MSA ASR and MT corpora to improve Tunisian-Arabic ST performance. We
also view this task as setting for extending the sequence-level knowledge distillation (SeqKD) (Kim
and Rush, 2016a), E2E Multi-Decoder architecture (Dalmia et al., 2021b), and system combination
methods in our IWSLT 2021 offline ST systems (Inaguma et al., 2020).

In particular, our contributions are the following:

1. Dialectal transfer from large paired MSA corpora to improve ASR and MT systems (§9.3)

2. MT SeqKD on MSA ASR data for artificial ST triplets to improve E2E ST systems (§9.3)

3. Multi-Decoder with hierarchical CTC training for target-oriented speech encodings (§9.3)

4. Multi-Decoder with CTC beam search hypothesis re-scoring during ST inference (§9.3)

5. Multi-Decoder with surface and posterior-level guidance from external models (§9.3)

6. Joint minimum bayes-risk decoding as an ensembling method (§9.3)

Results on the blind test set, test2, and ablations on the provided test set, test1, demonstrate the
overall efficacy of our systems and the relative contributions of the aforementioned techniques
(§9.5).

9.2 Task Description and Data Preparation

The Arabic language is not a monolith. Of its estimated 400 million native speakers, many speak
in colloquial dialects such as, Tunisian-Arabic, that have relatively less standard orthographic rules
and smaller ASR and MT corpora compared to formal MSA (Hussein et al., 2022). Both of these
realities present challenges to building effective ST systems, and as such the dialectal speech trans-
lation shared task is an important venue for tackling these research problems.

Table 9.1 shows the corpora relevant to the shared task. The IWSLT22-Dialect corpus consists
of ST triplets where 160 hours of 8kHz conversational Tunisian-Arabic speech are annotated with
transcriptions and also translated into English. The MGB2 corpus (Ali et al., 2016) consists of
1100 hours of 16kHz broadcast MSA speech and the corresponding transcriptions. The OPUS
corpus (Tiedemann et al., 2020) consists of 42M MSA-English translation pairs across several
domains. Any systems that use MGB2 or OPUS data for pre-training, fine-tuning, or any other
purpose are designated as dialect transfer systems.1

1We do not use self-supervised representations, morphological analyzers, or any other resources reliant on data other
than the three aforementioned corpora.
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#Hours #Sentence

of Speech Arabic English

IWSLT22-Dialect 160 0.2M 0.2M
MGB2 1100 1.1M -
OPUS - 42M 42M

Table 9.1: Statistics for the three corpora included in the IWSLT 2022 dialect ST shared task.
IWSLT22-Dialect has triplets of speech, source Arabic transcription, and target English translation.
MGB2 and OPUS have only pairs for ASR and MT respectively.

Following the shared task guidelines, punctuation is removed and English text is lower-cased.
Buckwalter one-to-one transliteration of Arabic text (Habash et al., 2007) was applied to help
non-Arabic speakers with ASR output interpretation. English sentences were tokenized with the
tokenizer.perl script in the Moses toolkit (Koehn et al., 2007b) for training and detokenized
for scoring. Language-specific sentence-piece vocabularies were created using the byte pair en-
coding (BPE) algorithm (Sennrich et al., 2016) with the sentencepiece toolkit.2 Speech data
was up-sampled by a factor of 3 using 0.9 and 1.1 speed perturbation ratios (Ko et al., 2015). The
IWSLT22-Dialect data was upsampled to 16kHz for consistency using the sox toolkit3.

9.3 Proposed Methods

In this section, we describe our cascaded (§9.3) and E2E systems (§9.3). Then we describe methods
for integrating both approaches §9.3.

Cascaded ASR→MT Systems

ASR

To train ASR models for our cascaded system, we use the ESPnet (Watanabe et al., 2018) frame-
work. Our ASR architecture is based on hybrid CTC/attention approach (Watanabe et al., 2017b)
with a Conformer encoder (Gulati et al., 2020). The Conformer, which employs convolutions to
model local patterns and self-attention to model long-range context, has shown to be effective on
both ASR and E2E ST tasks (Guo et al., 2021; Inaguma et al., 2020). We also use a bidirectional
LSTM (Hochreiter and Schmidhuber, 1997; Graves and Schmidhuber, 2005) language model (LM)

2https://github.com/google/sentencepiece
3http://sox.sourceforge.net
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to re-score beam search hypotheses during inference. We ensemble multiple ASR systems with
varying hyper-parameters using Recognizer Output Voting Error Reduction (ROVER) with mini-
mal word-level edit-distance alignment (Fiscus, 1997).

MT

To train MT models for our cascaded system, we use the Fairseq (Ott et al., 2019) framework
to train transformers encoder-decoder models (Vaswani et al., 2). To mitigate the exposure bias
of training with ground-truth data and using ASR outputs at test time, we introduce ASR mixing,
where during training, for each sample in the training set, the model maximizes the log-likehood
of translation from both the ground-truth source and the ASR source from an ASR system. This is
possible because we have triplet data for training set as well. We use the same system used in the
cascaded system to generate ASR outputs for the training set. We ensemble multiple MT systems
with varying random seeds using posterior combination of hypotheses during beam search.

We also train an MT model using the ESPnet toolkit (Watanabe et al., 2018) as an auxiliary
model used for posterior combinations with our E2E ST systems as described in §9.3. These
models use BPE vocabulary sizes that are optimal for E2E ST, which we found empirically to be
smaller than for MT.

Direct Dialectal Transfer

To leverage MSA annotated speech data to improve our ASR system, we select a subset of the
MGB2 data as an augmentation set to be added to the IWSLT22-Dialect data. We first use an ASR
model trained on IWSLT22-Dialect data only to compute the cross-entropy of the utterances in the
MGB2 data. We then select a percentage of the MGB2 utterances with the lowest cross-entropy.
Similar cross-entropy based data selection has shown to effectively reduce noise resulting from
domain mismatches in language modeling (Moore and Lewis, 2010) and MT (Junczys-Dowmunt,
2018). After pre-training on the mixture of MGB2 and IWSLT22-Dialect data, we then fine-tune
on IWSLT22-Dialect data only.

To leverage the MSA translation data to improve our MT system, we use the OPUS corpus,
cleaning sentences longer than 200 subwords. This results in about 30M sentence pairs of training
data for MSA-English. We then train a larger transformer for 20 epochs on this training data. We
the use fine-tune this model on the IWSLT22-Dialect data.
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Figure 9.1: The left side presents the original Multi-Decoder architecture with searchable hidden
intermediates produced by the ASR Decoder. The red lines indicate joint CTC/Attention decod-
ing of beam search hypotheses produced by an autoregressive decoder. The right side presents a
modified Multi-Decoder with both a hierarchical ASR to ST Speech Encoder optimized via CTC
objectives and joint CTC/Attention ST inference.

E2E ST Systems

Multi-Decoder Architecture

Multi-decoder model (Dalmia et al., 2021b) is an end-to-end sequence model that exploits de-
composition of a complex task into simpler tasks in it’s model design. For speech translation it
decomposes the task into ASR and MT sub-nets while maintaining the end-to-end differentiability.
To train Multi-Decoder models, we modified the ESPnet framework (Watanabe et al., 2018).

As shown in figure 9.1.a, the speech signal, X = {xt ∈ RD|t = 1, ..., T}, is mapped to
encoder representations by the Speech Encoder which are then in turn mapped autoregressively
to decoder representations corresponding to the source language transcription, Y ASR = {yASR

l ∈
V|l = 1, ..., L}, by the ASR Decoder. These ASR Decoder representations, referred to as search-
able hidden intermediates, are passed to the downstream ST Encoder-Decoder. In order to avoid
error-propagation, the ST Decoder performs cross-attention over both the Speech Encoder and ST
Encoder representations. The network is optimized with multi-tasking on cross-entropy losses
for both the source and target languages, LASR

CE and LST
CE respectively, along with a CTC (Graves,

2012b) loss LASR
CTC:

L = λ1LASR
CE + λ2LASR

CTC + λ3LST
CE (9.1)

where λ’s are used for interpolation. During inference, the CTC branch of the Speech Encoder is
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also used to re-score beam search hypotheses produced by the ASR Decoder, following the Hybrid
CTC/Attention method (Watanabe et al., 2017b).

Inaguma et al. (2021a) showed that sampling CTC output instead of always using ground truth
previous token helps the Multi-Decoder model. With a CTC sampling rate of 0.2, which means
that with a probability of 0.2 we would use the CTC output instead of the ground truth during
training. This simulates the inference condition where there would be ASR errors. We found this
technique to be particularly helpful for this dataset.

SeqKD Dialectal Transfer

Our Multi-Decoder training objective, equation 9.1, assumes that each speech signal is annotated
with both a source language transcription and target language translation. In order to include
additional paired MSA data into this training regime, we first generate artificial speech, transcript,
and translation triplets. To do so, we first build a MSA MT model using the OPUS data. We
then generate pseudo-translations for the paired MGB2 data by feeding the MSA transcriptions
as inputs to the MT model. This method is based on SeqKD Kim and Rush (2016a) and can be
considered as a dialectal application of MT to ST knowledge-distillation. We mix a percentage of
the pseudo-translated data using the same cross-entropy based methodology as decribed in §9.3
with the Tunisian-Arabic data during training. We refer to this data augmentation as MT SeqKD in
future sections.

Hierarchical Speech Encoder

CTC loss is often used as auxiliary loss in attention based encoder decoder models (Watanabe et al.,
2017b). It helps the attention based decoder by inducing monotonic alignment with the encoder
representations (Kim et al., 2017). In this work, we extend this idea by creating a hierarchical
encoder that customizes the ordering of the encoder for the individual sub-tasks by using auxiliary
CTC loss at each sub-task. Here, we use an auxiliary CTC loss with ASR targets and another
CTC loss with ST targets. As shown in figure 9.1.b, the first 12 layers of the Speech Encoder
produce ASR CTC alignments, ZASR = {zASR

n ∈ V ∪ {∅}|n = 1, ..., N}, while the final 6 layers
produce ST CTC alignments, ZST = {zST

n ∈ V ∪ {∅}|n = 1, ..., N}, where ∪{∅} denotes the
blank emission. This creates a hierarchical encoder structure similar to (Sanabria and Metze, 2018;
Lee and Watanabe, 2021; Higuchi et al., 2022). The Multi-Decoder with hierarchical encoder is
optimized with an additional ST CTC loss, LST

CTC:

L = λ1LASR
CE + λ2LASR

CTC + λ3LST
CE + λ4LST

CTC (9.2)
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Note that the ST Decoder now performs cross-attention Speech Encoder representations that are
oriented towards the target language.

Joint CTC/Attention Decoding for ST

The ST CTC branch of the Speech Encoder introduced in the previous section allows us to apply
joint CTC/Attention decoding using the one-pass beam search algorithm (Watanabe et al., 2017b)
during ST inference as well. Although previously only applied to ASR decoding, we found that
joint CTC/Attention inference for the ST Decoder beam search hypotheses were beneficial in this
task. Deng et al. (2022a) show that joint modeling of CTC/Attention is effective for short contexts
of blockwise streaming ST; as far as we know, our work is the first to show the benefit on long
context. Our conjecture is that speech to translation transduction with attention mechanisms, as
in the original Multi-Decoder, contains irregular alignments between the acoustic information and
the target sequence. The hierarchical encoder and joint CTC/Attention decoding methods may
alleviate these irregularities by enforcing greater monotonicity. We refer to the Multi-Decoder
with hierarchical encoder and joint CTC/Attentionn ST decoding as the Hybrid Multi-Decoder in
future sections.

Integrating E2E and Cascaded Systems

Guiding Multi-Decoder Representations

Since the Multi-Decoder (Dalmia et al., 2021b) uses hidden representations from the autoregressive
ASR Decoder, we can perform search and retrieval over this intermediate stage of the model.
Dalmia et al. (2021b) showed that ST quality improves by using beam search and external models
like LMs to improve the representations the ASR sub-task level. We believe this an important
property to have when building models for complex sequence tasks like speech translation, as
often there is additional data present for the sub-tasks like ASR and MT. In this work, we help
guide our Multi-Decoder model to retrieve better decoder representations by using external ASR
and MT models.

We experimented with two approaches: 1) posterior level guidance and 2) surface level guid-
ance. The former is similar in concept to posterior combination for model ensembling during in-
ference as described in (Inaguma et al., 2020), however the Multi-Decoder allows us to incorporate
both an external ASR and MT model due to the searchable hidden intermediates whereas a vanilla
encoder-decoder ST model would only be compatible with an external MT model. This method
requires beam search over both ASR and MT/ST for multiple models. Alternatively, surface level
guidance can avoid this expensive search over the ASR intermediates by instead retrieving the
hidden representations for an ASR surface sequence produced externally.
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We use the ROVER ASR outputs described in §9.3 as surface level guides for the Multi-
Decoder’s ASR intermediates and found this to be more effective than posterior combination with
external ASR models. We refer to this method of retrieval as ROVER intermediates in future sec-
tions. Since ROVER is based on minimal edit-distance alignment, we did not find it compatible
with translation sequences. For the ST Decoder, we use posterior combination with external ST
and MT models and refer to this as ST/MT Posterior Combination in future sections.

Minimum Bayes-Risk

Rather than finding the most likely translation, Minimum Bayes-Risk (MBR) decoding aims to find
the translation that maximizes the expected utility (equivalently, that minimizes risk, (Kumar and
Byrne, 2002, 2004; Eikema and Aziz, 2020)). Let Ȳcands, Ȳsamples be sets containing N candidate
hypotheses and M sample hypothesis. This sets can be obtained from one or multiple model by,
for example sampling or taking the top beams in beam search. Let u(y∗, y) be an utility function
measuring the similarity between a hypothesis y and a reference y (we only consider BLEU in this
work). MBR decoding seeks for

ŷMBR = argmax
y∈Ȳcands

EY∼pθ(y|x)[u(Y, y)]︸ ︷︷ ︸
≈ 1

M

∑M
j=1 u(y

(j), y)

, (9.3)

We experimented with using MBR as a technique for system combination, in two forms:

• True: the stronger system (the E2E) is used to generate the N candidates Ȳcands and the
weaker system (the Cascaded system) is used to generate M samples Ȳsamples. This means
that the outputs will guaranteed to generated by the E2E system.

• Joint: in this case, both the E2E and the Cascaded generate N hypotheses, with are then
concatenated to make both the candidate set and sample set Ȳsamples = Ȳcands, with |Ȳcands| =
2N

We explored using beam search and nucleus sampling (Holtzman et al., 2019) with different p
values for both generating candidates and generating samples to compute the expectation over.
Overall we found that, for both settings, using beam search to generate hypothesis for the E2E
model and nucleus sampling with p = 0.9 for the cascaded system yield the best results. We use
N = M = 50 for both settings.

123



9.4 Experimental Setup

ASR: We extracted 80-channel log-mel filterbank coefficients computed with 25-ms window
size and shifted every 7-ms with 3-dimensional pitch features.4 The features were normalized by
the mean and the standard deviation calculated on the entire training set. We applied SpecAug-
ment (Park et al., 2019) with mask parameters (mT ,mF , T, F ) = (5, 2, 27, 0.5) and bi-cubic time-
warping. We use a BPE vocabulary size of 1000. Our encoder has 2 CNN blocks followed by 12
Conformer blocks following (Guo et al., 2021). Each CNN block consisted of a channel size of
256 and a kernel size of 3 with a stride of 2 × 2, which resulted in time reduction by a factor of
4. Our decoder has 6 Transformer blocks. In both encoder and decoder blocks, the dimensions of
the self-attention layer dmodel and feed-forward network dff were set to 256 and 2048, respectively.
The number of attention heads H was set to 8. The kernel size of depthwise separable convo-
lution in Conformer blocks was set to 31. We optimized the model with the joint CTC/attention
objective with a CTC weight of 0.3. We also used CTC and LM scores during decoding. Models
were trained for 60 epochs. We averaged the model parameters of the 10 best epoch checkpoints
by validation loss. Our LM is a BLSTM with 4 layers and 2048 unit dimension. Beam search is
performed with beam size 20, CTC weight 0.2, and LM weight 0.1.

MT: We use SentencePiece (Kudo and Richardson, 2018b) with the Byte-pair Encoding algo-
rithm (Sennrich et al., 2016). We experimented with various vocabularies sizes and found that 4000
vocabulary size to be the best for small models. For the pretrained model, we use a vocabulary size
of 16000. The small transformer model used for the non-dialect submissions has 512 embedding
dimensions, 1024 feedforward dimensions, 6 layers and 4 heads on each layer on both encoder/de-
coder. The large transformer model used for dialect transfer has 1024 embedding dimensions, 4096
feedforward dimensions, 6 layers and 16 heads on each layer on both encoder/decoder. Models
were trained with early stopping by validation loss. We averaged the model parameters of the last
5 epoch checkpoints. Unless otherwise specified, we use beam search with beam size of 5 and no
length penalty in beam search.

Multi-Decoder: We use the same feature extraction as for ASR. We use separate BPE vocab-
ularies for source and target, both of size 1000. The ASR sub-net of the Multi-Decoder is also
the same as our ASR configuration, allowing for pre-trained initialization of the ASR encoder, de-
coder, and CTC. The hierarchical encoder adds 6 additional Transformer layers to the original 12
Conformer layers. The MT sub-net of the Multi-Decoder has a 2 layer Transformer encoder and
a 6 layer Transformer decoder. This second encoder has no convolutional subsampling. The MT
sub-net has the same dmodel and dff as the ASR sub-net. We optimized the model a CTC weight
47-ms shift was found to be helpful due to the presence of many short utterances in the IWSLT22-Dialect data.
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Dialect test1

ID Model Type / Name Transfer WER(↓)
A1 ASR Conformer ✗ 50.4
A2 + ROVER Comb. ✗ 48.1
A3 ASR Conformer ✓ 50.0
A4 + ROVER Comb. ✓ 47.5

MT BLEU(↑)
B1 MT Transformer (Fairseq) ✗ 21.8
B2 + Posterior Comb. ✗ 22.8
B3 MT Transformer (Fairseq) ✓ 22.4
B4 + Posterior Comb. ✓ 23.6
B5 MT Transformer (ESPnet) ✗ 21.0

Table 9.2: Results of the ASR and MT components of our cascaded systems, as measured by %
WER and BLEU score on the provided test1 set. ROVER and posterior combinations were applied
to ASR and MT respectively.

of 0.3 and an ASR weight of 0.3. Models were trained for 40 epochs. We averaged the model
parameters of the 10 best epoch checkpoints by validation loss. Beam search over the ASR-subnet
uses the same setting as for ASR. Beam search over the MT-subnet uses beam size 5/10 with CTC
weight 0.3/0.1 for the basic/dialect conditions. Length penalty 0.1 was used for all cases.

9.5 Results and Analyses

Submitted Shared Task Systems

Figure 9.2 shows the results for ASR and MT systems used as part of the cascaded system as
evaluated by WER and BLEU score respectively on the provided test set, test1. Dialectal transfer
provides a moderate boosts of 0.4% and 0.6% WER without ROVER and with ROVER respec-
tively. Notably, WER’s for all systems are relatively high despite a moderate amount of training
data; this is perhaps due to the non-standard orthographic form of the Tunisian-Arabic transcrip-
tions.5 Another possible cause for the high WER is the conversational nature of the data, which
may require normalization similar to the Switchboard dataset (Godfrey et al., 1992). For the MT
systems, we see that posterior combination leads to over 1 BLEU point improvements when trans-

5We found that the WER’s decreased by about 4% when removing diacritics from the hypothesis and the reference.
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Child Dialect test1 test2

ID Type Model Name System(s) Transfer BLEU(↑) BLEU(↑)
C1 Cascade ASR Mixing Cascade A1,B1 ✗ 16.4 -
C2 Cascade + ASR Rover Comb. A2,B1 ✗ 16.7 -
C3 Cascade + MT Posterior Comb. A2,B2 ✗ 17.5 18.6
C4 Cascade ASR Mixing Cascade A3,B3 ✓ 17.3 -
C5 Cascade + ASR Rover Comb. A4,B3 ✓ 17.4 -
C6 Cascade + MT Posterior Comb. A4,B4 ✓ 17.9 19.4

D1 E2E ST Hybrid Multi-Decoder - ✗ 17.7 -
D2 Mix + ROVER Intermediates A2 ✗ 18.1 19.1
D3 Mix + ST/MT Posterior Comb. A2,B5 ✗ 18.7 19.7
D4 E2E ST Hybrid Multi-Decoder - ✓ 18.2 -
D5 Mix + ROVER Intermediates A4 ✓ 18.3 19.5
D6 Mix + ST/MT Posterior Comb. A4,B5 ✓ 18.9 19.8

E1 Mix Min. Bayes-Risk Ensemble C3,D3 ✗ 19.2 20.4
E2 Mix Min. Bayes-Risk Ensemble C6,D6 ✓ 19.5 20.8

Table 9.3: Results of our cascaded, E2E, and integrated cascaded/E2E systems as measured by
BLEU score on the blind test2 and provided test1 sets. Dialect Transfer indicates the use of
either MGB2 or OPUS data. Rover, posterior combinations, and minimum bayes-risk ensembling
were applied to both cascaded and E2E systems, with Child System(s) indicating the inputs to the
resultant systems combinations.

lating ground-truth source sentences. Interestingly, while there is some benefit from the dialectic
transfer, the benefits are relatively small, yielding an additional 0.8 BLEU for the ensembled mod-
els. This might be due to the domain mismatch between the Tunisian-Arabic data and MSA data.

Figure 9.3 shows the results of our cascaded, E2E, and integrated cascaded/E2E systems on
both the blind shared task test set, test2, and on the provided test set, test1. The Hybrid Multi-
Decoder outperforms the ASR Mixing Cascade by 1.3 and 0.9 BLEU on test1 without and with
dialectal transfer respectively. Both models are boosted by the use of ROVER. The benefit of
ROVER for models without dialectal transfer (0.3 BLEU) was larger than for models with dialectal
transfer (0.1 BLEU), showing some diminishing returns from isolated improvements of the ASR
component of the overall ST task. Posterior combination provided boosts in the range of 0.5-0.8
BLEU across the models. Finally, the Minimum Bayes Risk Ensembling yielded additional gains
of 0.6-1.3 BLEU. The differences between the final Minimum Bayes Risk Ensembling systems and
the best single systems without any external model integration are 1.5 and 1.3 BLEU without and
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test1

Task MGB2 Training Data WER(↓)
ASR none 53.1
ASR 8% w/ random select 52.7
ASR 8% w/ CE filter 52.4
ASR 25% w/ CE filter 52.4
ASR 50% w/ CE filter 53.0
ASR 75% w/ CE filter 53.5

BLEU(↑)
ST none 16.6
ST 25% w/ CE filter + MT SeqKD 17.1
ST 50% w/ CE filter + MT SeqKD 17.1

Table 9.4: Ablation study on the effects of additional MGB2 data on ASR and ST performance as
measured by WER and BLEU on the test1 set respectively.

test1

Model Name ST BLEU(↑) MT BLEU(↑)
MT Transformer 16.2 20.9

+ ASR Mixing Training 16.7 21.8

Table 9.5: Ablation study on the effects of ASR mixing on ST and MT as measured by BLEU on
the test1 set.

without dialectal transfer respectively.

Ablation Studies

To show the individual contributions of our various methods, we present in this section several
ablations. First, we show in figure 9.4 the impact of dialectal transfer from MGB2 data on ASR (as
described in §9.3) and on E2E ST (as described in §9.3). As subset of MGB2 data selected via the
cross-entropy filter outperformed a randomly selected subset, although both were better than when
no MGB2 data was included. Since the IWSLT22-Dialect utterances were shorter than the MGB2
utterances on average, one effect of the cross-entropy filter was the removal of long utterances
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test1

Model Name BLEU(↑)
Encoder-Decoder 16.0

Multi-Decoder 17.1
+ ASR CTC Sampling 17.6
+ Hierarchical Encoder 17.9
+ Joint CTC/Attn ST Decoding (D4) 18.2
+ ASR CTC Sampling 18.4

Table 9.6: Ablation study on the effects of ASR CTC sampling, hierarchical encoder, and joint
CTC/Attn ST decoding as measured by BLEU on the test1 set.

MBR Dialect test1 test2

Model Name Method Transfer BLEU(↑) BLEU(↑)
MBR Ensemble True ✗ 19.0 20.1
MBR Ensemble (E1) Joint ✗ 19.2 20.4

MBR Ensemble True ✓ 19.3 20.7
MBR Ensemble (E2) Joint ✓ 19.5 20.8

Table 9.7: Comparison of the true vs. joint methods for minimum bayes-risk ensembling as mea-
sured by BLEU on the test1 and test2 sets.

test2

Model Name BLEU(↑) DA Ave. / z-score(↑)
Hybrid Multi-Decoder (D6) 19.8 66.5 / 0.119
MBR Ensemble (E2) 20.8 66.5 / 0.114

Table 9.8: Human evaluation results, as measured by DA average and z-score, showing the impact
of maximizing BLEU score via minimum bayes-risk ensembling.

which appeared to benefit the model. We found that using up to 25% of the MGB2 data was best
for ASR. For ST, both 25% and 50% of the MGB2 data with MT SeqKD yielded 0.5 BLEU gains,
which is slightly less than the 0.8 BLEU gains that our cascaded systems obtained from dialectal
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transfer. This suggests some that there our MT SeqKD method may be improved in the future.
Next, in figure 9.5 we show the results MT and ST systems trained with and without ASR mix-

ing (as described in §9.3), both in the cascaded setting and using ground-truth source sentences.
Overall we see that ASR mixing helps improving the cascaded system. Surprisingly this also im-
proves results for the translating from ground-truth source sentences. We hypothesise that ASR
mixing acts as a form of regularization for the orthographic inconsistencies in the source transcrip-
tions due to the conversational nature of Tunisian-Arabic.

In table 9.6, we show the effects of the ASR CTC Sampling, Hierarchical Encoder, and Joint
CTC/Attention ST Decoding modifications to the original Multi-Decoder (as described in §9.3). We
found that each of these techniques boosts the overall performance and we also found their effects
to be additive. Table 9.6 also shows the performance of a vanilla encoder-decoder for comparison,
which performed significantly worse than the Multi-Decoder. Due to time limitations, we did not
submit the Multi-Decoder with hierarchical encoder, joint CTC/Attention ST decoding, and ASR
CTC sampling for shared task evaluation, but this was our strongest single system as evaluated on
the test1 set.

Finally, Figure 9.7 shows the results for the two different settings for system combination
through MBR (as described in §9.3). Using the Joint setting where the hypothesis from both
system are considered as both candidates/samples leads to the best translations compared to the
True setting. Figure 9.8 shows that while effective for maximizing BLEU score, MBR did not
improve according to human evaluation.6

9.6 Conclusion

In this chapter, we have presented CMU’s dialect speech translation systems for IWSLT 2022. Our
systems encompass various techniques across cascaded and E2E approaches. Of the techniques
we presented, the hierarchical encoder and joint CTC/Attention ST decoding modifications to the
Multi-Decoder and the minimum bayes-risk ensembling were amongst the most impactful. In
future work, we seek to formalize these methods with additional theoretical and experimental
backing, including extensions to other corpora and tasks such as pure MT.

We’ve now established the efficacy of sequential, non-temporal multi-sequence modeling for
offline speech translation. Next, we consider how to introduce the temporal element, as required
for streaming speech translation.

6Human evaluation methodology is detailed in (Anastasopoulos et al., 2022)

129



Part IV
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Chapter 10

Hierarchical CTC: Improving
Auto-regressive Translation with Temporal
Alignment

Summary

This chapter delves into sequential, temporal multi-sequence modeling. We start by proving out
the approach in an offline setting to demonstrate the general efficacy; then Chapter 9 evaluates the
approach under a streaming setting.

Connectionist Temporal Classification (CTC) is a widely used approach for automatic speech
recognition (ASR) that performs conditionally independent monotonic alignment. However for
translation, CTC exhibits clear limitations due to the contextual and non-monotonic nature of the
task and thus lags behind attentional decoder approaches in terms of translation quality. In this
work, we argue that CTC does in fact make sense for translation if applied in a joint CTC/attention
framework wherein CTC’s core properties can counteract several key weaknesses of pure-attention
models during training and decoding. To validate this conjecture, we modify the Hybrid CTC/At-
tention model originally proposed for ASR to support text-to-text translation (MT) and speech-to-
text translation (ST). Our proposed joint CTC/attention models outperform pure-attention baselines
across six benchmark translation tasks.

10.1 Introduction

Automatic speech recognition (ASR), machine translation (MT), and speech translation (ST) have
conspicuous differences but are all closely related sequence-to-sequence problems. Researchers
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from these respective fields have long recognized the opportunity for cross-pollinating ideas (He
and Deng, 2011), starting from the coupling of statistical ASR (Huang et al., 2014) and MT (Al-
Onaizan et al., 1999) which gave rise to early approaches for ST (Waibel, 1996; Ney, 1999). No-
tably in the end-to-end era, attentional encoder-decoder approaches emerged in both MT (Bah-
danau et al., 2015) and ASR (Chorowski et al., 2015; Chan et al., 2015), rising to great prominence
in both fields.

During this same period, there has been another prominent end-to-end approach in ASR: Con-
nectionist Temporal Classification (CTC) (Graves et al., 2006). Unlike the highly flexible attention
mechanism which can handle ASR, MT, and ST alike, CTC models sequence transduction as a
monotonic alignment of inputs to outputs and thus fits more naturally with ASR than it does with
translation. Still, many interested in non-autoregressive translation have applied CTC to MT (Li-
bovický and Helcl, 2018) and ST (Inaguma et al., 2021b) and promising techniques have emerged,
shrinking the gap between autoregressive approaches (Saharia et al., 2020; Gu and Kong, 2021;
Chuang et al., 2021; Huang et al., 2022). These recent developments suggest that the latent align-
ment ability of CTC is a promising direction for translation – this leads us to question: can CTC
alignments improve autoregressive translation? In particular, we are interested in frameworks that
leverage the strength of CTC while minimizing its several harmful incompatibilities (see §10.3)
with translation tasks.

Inspired by the success of Hybrid CTC/Attention in ASR (Watanabe et al., 2017b), we in-
vestigate jointly modeling CTC with an autoregressive attentional encoder-decoder for transla-
tion. Our conjecture is that the monotonic alignment and conditional independence of CTC, which
weaken purely CTC-based translation, counteract particular weaknesses of attentional models in
joint CTC/attention frameworks. In this work, we seek to investigate how each CTC property
interacts with corresponding properties of the attentional counterpart during joint training and de-
coding. We design a joint CTC/attention architecture for translation (§10.4) and then examine
the positive interactions which ultimately result in improved translation quality compared to pure-
attention baselines, as demonstrated on the IWSLT (Cettolo et al., 2012), MuST-C (Di Gangi et al.,
2019), and MTedX (Salesky et al., 2021) MT/ST corpora (§10.6).1

10.2 Background: Joint CTC/Attn for ASR

Both the CTC (Graves et al., 2006) and attentional encoder-decoder (Bahdanau et al., 2015)
frameworks seek to model the Bayesian decision seeking the output, Ŷ , from all possible se-
quences, V tgt∗, by selecting the sequence which maximizes the posterior likelihood P (Y |X),

1Models are are available in ESPnet. For ST, refer to egs2/must_c_v2/st1 and for MT refer to egs2/
iwslt14/mt1.
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CTC ATTENTION JOINT CTC/ATTENTION ASR MT/ST

PCTC(Y |X)
∆
=

∑

Z∈Z

T∏

t=1

P (zt|X,���z1:t−1) PAttn(Y |X)
∆
=

∏L
l=1 P (yl|y1:l−1, X) PJoint(Y |X)

∆
= PCTC(Y |X)λ × PAttn(Y |X)1−λ ✓ ✓

Hard Alignment Criterion only allows
monotonic alignments of inputs to out-
puts

Soft Alignment Flexible attention-
based input-to-output mappings may
overfit to irregular patterns

During Training: Hard alignment objective pro-
duces stable encoder representations allowing the
decoder to more rapidly learn soft alignment pat-
terns

✓ L1
See
§10.3

Conditional Independence Assumes
that there are no dependencies between
each output unit given the input

Conditional Dependence Locally nor-
malized models with output depen-
dency exhibit label/exposure biases

During Decoding: Use of conditionally inde-
pendent likelihoods in joint scoring eases the ex-
posure/label biases from conditionally dependent
likelihoods

✓ L2
See
§10.3

Input-Synchronous Emission Each
input representation emits exactly one
blank or non-blank output token

Autoregressive Generation Need to
detect end-points and compare hy-
potheses of different length in beam
search

During Decoding: Input-synchronous emission
determines output length based on input length
counteracting the autoregressive end-detection
problem

✓ L3
See
§10.3

Table 10.1: Description of three reasons why joint CTC/attention modeling is powerful in ASR. In
order to understand whether these positive interactions between properties of the CTC and attention
frameworks are applicable to MT/ST, we must address three corresponding concerns, L1-3, about
the applicability of CTC to translation (§10.2).

where X = {xt ∈ Ssrc|t = 1, ..., T} and Y = {yl ∈ V tgt|l = 1, ..., L}. The source set Ssrc is
a discrete vocabulary in the MT case and a continuous real space in the ST case while the target
set V tgt is always a discrete vocabulary. Note that the T -length of the input is assumed to be longer
than the L-length output for speech tasks (Graves et al., 2006), but this is not necessarily true for
MT.

What are the critical differences between the CTC and attention frameworks? As shown in the
first two columns of Table 10.1, CTC and attention offer different formulations of the posterior
likelihood, PCTC(·) and PAttn(·) respectively. First of all, the attention mechanism is a flexible
input-to-output mapping function which allows a decoder to perform soft alignment of an output
unit yl to multiple input units x[...] without restriction. One downside of this flexibility is a risk of
destabilized optimization (Kim et al., 2017). CTC on the other hand marginalizes the likelihoods
of all possible input to alignment sequence, Z = {zt ∈ V tgt∪{∅}|t = 1 . . . T}, mappings via hard
alignment where each output unit zt maps to a single input unit xt in a strictly monotonic pattern.
∅ is a "blank" and Z maps deterministically to Y by removing blanks and repeated emissions.

Secondly, the attentional decoder models each output unit y1 with conditional dependence on
not only the input X , but also the previous output units y1:l−1. In contrast, CTC makes a con-
ditional independence assumption that each zt does not depend on z1:t−1 if already conditioned
on X (as denoted by the strike-through in Table 10.1) – this is a strong assumption which allows
for efficient computation of marginalized likelihoods over all Z ∈ Z(Y, T ) via dynamic program-
ming. On the plus, since CTC does not model causality between output units it is not plagued by
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the same label and exposure biases that exist in attentional decoders due to local normalization of
causal likelihoods (Bottou, 1991; Ranzato et al., 2016; Hannun, 2019).

Finally, the attentional decoder is an autoregressive generator that decodes the output until a
stop token, <eos>. Comparing likelihoods for sequences of different lengths requires a heuristic
brevity penalty. Furthermore label bias with respect to the stop token manifests as a length problem
where likelihoods degenerate for unexpectedly long outputs (Murray and Chiang, 2018b). In com-
parison, CTC is an input-synchronous emitter that consumes an input unit in order to produce an
output unit. Therefore, CTC cannot produce an output longer than the input representation which
feeds the final posterior output layer – but this also means that CTC does not require end detection.

As previously shown by (Kim et al., 2017; Watanabe et al., 2017b), jointly modeling CTC and
an attentional decoder is highly effective in ASR. The foundation of this architecture is a shared
encoder, ENC, which feeds into both CTC, PCTC(·), and attentional decoder, PAttn(·), posteriors:

h = Enc(X) (10.1)

PCTC(zt|X) = CTC(ht) (10.2)

PAttn(yl|X, y1:l−1) = Dec(h, y1:l−1) (10.3)

where CTC(·) denotes a linear projection to the CTC output vocabulary, V tgt ∪ {∅}, followed
by softmax. DEC(·) denotes autoregressive decoder layers followed by a linear projection to the
decoder output vocabulary, V tgt ∪ {<eos>}, and softmax. The joint network is optimized via a
multi-tasked objective, LASR = LASR

CTC + λLASR
Attn , where λ interpolates the CTC and decoder cross-

entropy losses.
Joint decoding is typically performed with a one-pass beam search where CTC plays a sec-

ondary role as a joint scorer while attention leads the major hypothesis expansion and end detec-
tion functions in the algorithm (Watanabe et al., 2017b; Tsunoo et al., 2021). However, CTC is
capable of taking over the lead role if called upon (e.g. for streaming applications) (Moritz et al.,
2019).

10.3 Potential CTC Limitations in MT/ST

Why exactly does this joint CTC/attention framework perform so well in ASR? As summarized
in column 3 of Table 10.1, we are particularly interested in three reasons which arise from the
combination of the hard vs. soft alignment, conditional independence vs. dependence, and input-
synchronous emission vs. autoregressive generation properties of CTC and attention respectively.
These dynamics have become well understood in ASR, owing to the popularity of the joint frame-
work (Watanabe et al., 2018) amongst ASR practitioners.
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So can CTC and attention also complement each other when applied jointly to translation?2

ASR, MT, and ST can all be generalized as sequence transduction tasks following the Bayesian
formulation. Attentional decoders have been a predominant technical solution to each of these
tasks. However, the CTC framework appears to have several limitations specific to MT/ST that are
not present in ASR; this seemingly diminishes the promise of the joint CTC/attention framework
for translation. In this work, we seek to address the following three concerns about MT/ST CTC
which appear to inhibit the CTC/attention framework (please refer back to Table 10.1 as needed).

L1 Can CTC encoders perform sophisticated input-to-output mappings required for translation?
Unlike ASR, translation entails non-monotonic mappings due to variable word-ordering across

languages. Additionally, inputs may be shorter than outputs as mappings are not necessarily one-
to-one. Furthermore, the mapping task for ST is compositional where logically a speech signal
first maps to a source language transcription before being mapped to the ultimate translation. All
of these complications appear to directly contradict the hard alignment of CTC. If CTC cannot
produce stable encoder representations for MT/ST, then during joint training attention does not re-
ceive the optimization benefit as in ASR (per row 2 of Table 10.1). Fortunately, prior works suggest
that these challenges are not insurmountable. Chuang et al. (2021) showed that self-attentional en-
coders can perform latent model variable word orders for ST, Libovický and Helcl (2018); Dalmia
et al. (2022) proposed up-sampling encoders that produce expanded input representations for MT,
and Sanabria and Metze (2018); Higuchi et al. (2022) proposed hierarchical CTC encoders that
can compose multiple output resolutions for ASR. In §10.4, we incorporate these techniques into
a unified hierarchical CTC encoding method for MT/ST which is capable of sophisticated input-
to-output mappings.

L2 Does CTC-based translation quality lag too far behind attention-based to be useful?
CTC-based ASR has recently shown competitive performance due in large part to improved

neural architectures (Gulati et al., 2020) and self-supervised learning (Baevski et al., 2020; Hsu
et al., 2021), but the gap between CTC and attention for translation appears to be greater (Gu
and Kong, 2021). Perhaps the conditional independence of CTC inhibits the quality to such a
degree in MT/ST where these likelihoods cannot ease the label/exposure biases of the attentional
decoder as they do in ASR (per row 3 of Table 10.1). The relative weakness of non-autoregressive
translation approaches has been well-studied. Knowledge distillation (Kim and Rush, 2016b; Zhou
et al., 2019) and iterative methods (Qian et al., 2021; Chan et al., 2020; Huang et al., 2022) all
attempt to bridge the gap between non-autoregressive models and their autoregressive counterparts.
In §10.6, we address this concern empirically; we find that even CTC models with 28% relative

2This particular question has not been addressed in literature. For an account of related works, please see §10.8.
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BLEU reduction compared to attention yield improvements when CTC and attention are jointly
decoded.

L3 Is the alignment information produced by CTC-based translation models reasonable?
In ASR, CTC alignments are reliable enough to segment audio data by force aligning inputs to

target transcription outputs (Kürzinger et al., 2020) and exhibit minimal drift compared to hidden
Markov models (Sak et al., 2015). However, CTC alignments are not as well studied in translation.
It is an open question of whether or not the input-synchronous emission of CTC for translation
has sufficient alignment quality to support the end detection responsibility during joint decoding as
it does in ASR (per row 4 of Table 10.1). Ideally, the CTC alignments are strong enough such that
CTC can lead joint decoding by proposing candidates for hypothesis expansion in each beam step
until all input units are consumed (at which point the end is detected), as in an input-synchronous
beam search. More conservatively, the CTC alignments may be too unreliable to take the lead but
could still guide the attentional decoder’s end detection by penalizing incorrect lengths via joint
scoring, as in an output-synchronous beam search. In §10.4, we lay out comparable forms for
input and output-synchronous beam search which allows us to examine the impact on translation
quality depending on whether CTC is explicitly responsible for or only implicitly contributing to
end detection.

10.4 Joint CTC/Attention for Translation

Hierarchical CTC Encoding

Per L1 described in §10.3, we seek to build a CTC encoder for translation which handles sophis-
ticated input-to-output mappings. Unlike ASR where outputs are assumed to be 1) always shorter
than inputs and 2) monotonic with respect to inputs, translation needs to account for variability
of lengths and and word orderings. We therefore propose to use a hierarchical CTC encoding
scheme which 1) aligns inputs to length-adjusted source-oriented encodings before 2) aligning to
re-ordered target-oriented encodings, as shown in Figure 10.1. Our encoding process thus consists
of two compartmentalized functions: length-adjustment and re-ordering.

Length-adjustment For MT, we up-sample the lengths of the source-oriented encodings in order
to output sequences longer than the input. For ST, we down-sample the lengths of the source-
oriented encodings to coerce a discrete textual representation of the real-valued speech input. We
enforce source orientations using CTC criteria that seek to align the length adjusted intermediate
layer encoder representations towards source text sequences (for MT this is the same as the input
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Figure 10.1: Hierarchical MT/ST encoders where representations are first up/down-sampled by
SRCENCMT/ST and then re-ordered by TGTENCMT/ST.

and for ST this is the ASR target). By compartmentalizing length-adjustment within this initial
stage, we allow subsequent encoder layers to focus solely on re-ordering.

Re-ordering We then obtain target-oriented encodings with subsequent encoder layers, where
re-ordering is enforced using CTC criteria that seek to align final layer encoder representations
towards target text sequences. Critically, the underlying neural network architecture must be able
to model latent re-ordering as the CTC criterion itself will only consider monotonic alignments of
the final encoder representation to the target.

Our proposed MT/ST hierarchical encoders consist of the following components:

hSRC = SRCENCMT/ST(X) (10.4)

PCTC(z
SRC
t |X) = SRCCTCMT/ST(h

SRC
t ) (10.5)

hTGT = TGTENCMT/ST(h
SRC) (10.6)

PCTC(z
TGT
t |X) = TGTCTCMT/ST(h

TGT
t ) (10.7)

The hierarchical encoders are jointly optimized with an attentional decoder using a multi-tasked
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coder consists of the following components:342

hSRC = SRCENCST(X) (14)343

pCTC(zSRC
t |X) = SRCCTCST(hSRC

t ) (15)344

hTGT = TGTENCST(hSRC) (16)345

pCTC(zTGT
t |X) = TGTCTCST(hTGT

t ) (17)346

where SRCENCST(·) is realized by N1 convolu-347

tional blocks for downsampling () followed by N2348

Conformer [cite –BY], while TGTENCST(·) is re-349

alized by N3 Conformer layers. We chose Con-350

former based on its previously demonstrated effec-351

tiveness for modeling local and global dependen-352

cies in speech signals [cite –BY].353

The hierarchical encoders are optimized along354

with an attentional decoder as follows:355

L = LSRCCTC + �1LTGTCTC + �2LATTN (18)356

where �’s interpolate between three objectives:357

source-oriented CTC, LSRCCTC, target-oriented358

CTC, LTGTCTC, and decoder cross-entropy, LATTN.359

3.2 One-Pass Synchronous Joint Decoding360

Algorithm 1 General One-Pass Beam Search
1: procedure SEARCH(X , N , STEP, b, p)
2: topPrtHs = {<sos> : 1.0}; allEndHs = {}
3: for i 2 N do
4: prtHs, endHs = STEP(topPrtHs, X, i, p, N)
5: topPrtHs = top-k(prtHs, k = b)
6: allEndHs = allEndHs[ endHs
7: end for
8: return top-1(allEndHs)
9: end procedure

10: SEARCH(X, maxL, OUTPUTSTEP, b, p) . output sync
11: SEARCH(X, T, INPUTSTEP, b, p) . input sync

As shown in [sec 2.1 and 2.2 –BY] CTC makes pre-361

dictions at every input step, whereas the Attention362

Decoder makes a new prediction at every output363

step. This allows us to build two forms of one-364

pass beam search algorithms (1) that functions over365

the output steps, which we call output-synchronous366

beam-search, (2) that functions over the input steps,367

which we call input-synchronous beam-search. In368

the following sections we will discuss each of them369

in detail.370

3.2.1 Output-Synchronous371

3.2.2 Input-Synchronous372

3.2.3 Speed vs. Accuracy373

4 Data and Experimental Setup374

Data: We use standard benchmark datasets for375

evaluating our speech translation and machine376

Algorithm 2 Output-Synchronous Step Function:
attentional decoder proposes candidates to expand
hypotheses which are all of l-length at step l.
1: procedure OUTPUTSTEP(prtHs, X, l, p, maxL)
2: newPrtHs = {}; endHs = {}
3: for y1:l�1 2 prtHs do
4: attnCnds = top-k(PAttn(yl|X, y1:l�1), k = p)
5: for c 2 attnCnds do

6: y1:l = y1:l�1 � c

7: ↵CTC = CTCScore(y1:l, X1:T )
8: ↵Attn = AttnScore(y1:l, X1:T )
9: � = LengthPen(y1:l)

10: PBeam(y1:l|X) = ↵CTC + ↵Attn + �
11: if (c is <eos>) or (l is maxL) then
12: endHs[y1:l] = PBeam(·)
13: else
14: newPrtHs[y1:l] = PBeam(·)
15: end if
16: end for
17: end for
18: return newPrtHs, endHs
19: end procedure

Algorithm 3 Input-Synchronous Step Function:
CTC proposes candidates to expand hypotheses
which are all produced from t input units at step t.
1: procedure INPUTSTEP(prtHs, X, t, p, T )
2: newPrtHs = {}; endHs = {}
3: CTCCnds = top-k(PCTC(zt|X), k = p)
4: for y 2 prtHs do
5: for c 2 CTCCnds do
6: if (c is ?) or (c is y[91]) then
7: ỹ = y
8: else
9: ỹ = y � c

10: end if
11: ↵CTC = CTCScore(ỹ, X1:t)
12: ↵Attn = AttnScore(ỹ, X1:T )
13: � = LengthPen(ỹ)
14: PBeam(ỹ|X) = ↵CTC + ↵ATTN + �
15: if t is T then
16: endHs[ỹ] = PBeam(·)
17: else
18: newPrtHs[ỹ] = PBeam(·)
19: end if
20: end for
21: end for
22: return newPrtHs, endHs
23: end procedure

translation models. For speech translation, we eval- 377

uate our models on MuST-Cv2 [cite –BY] English 378

to German (En-De) and English to Japanese (En- 379

Ja) datasets. These are 16kHz recordings of TED 380

talks in English with text translations in various 381

target languages. The En-De training set consists 382

of around 250k utterances, totalling to around 450h 383

of training speech data. The En-Ja training set con- 384
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MODEL TYPE MT ST

Joint Joint Decoding IWSLT14 IWSLT14 MTedX MuST-C-v2 MuST-C-v2 MTedX
MODEL NAME Train? Decode? Method De-En Es-En All-En En-De En-Ja All-En

Pure-Attn (Prior) 7 7 Attn Only (32.15)† (38.95)† -} 25.8‡ 12.4‡ -}

Pure-Attn (Ours) 7 7 Attn Only 32.8 (33.73) 39.0 (39.86) 25.6 27.8 14.3 22.7

Joint CTC/Attn 3 7 CTC Only 27.3 33.8 22.4 24.4 10.2 21.4
Joint CTC/Attn 3 7 Attn Only 33.6 39.5 28.0 28.3 14.2 23.7

Joint CTC/Attn 3 3 Joint I-Sync 33.7 39.7 27.8 29.2 15.1 25.1
Joint CTC/Attn 3 3 Joint O-Sync 34.1 39.9 28.1 29.2 15.3 25.1

Table 2: Test set performances, as measured by BLEU ("), of our proposed joint CTC/Attention models compared
to pure-attention baselines. Joint CTC/Attention models are always jointly trained, but can be either jointly decoded
using input/output synchronony or decoded using only their CTC or attention branches. For IWSLT14, we mention
(tokenized BLEU) for comparison with prior works: †Raunak et al. (2020) and ‡Inaguma et al. (2020). }Prior
MTedX works show only All-All or pair-wise settings.
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9: ỹ = y � c

10: end if
11: ↵CTC = CTCScore(ỹ, X1:t)
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13: � = LengthPen(ỹ)
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16: endHs[ỹ] = PBeam(·)
17: else
18: newPrtHs[ỹ] = PBeam(·)
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6 Results and Analyses

In this section, we first present our main results on
6 benchmark MT and ST tasks. We then present ev-
idence that hierarchical encoding (§4.1) produces
stable encoder representations that simplify the
decoder’s source attention (addressing L1 in §3).
Next we present evidence that joint decoding is ben-
eficial despite the fact that CTC-only performance
lags behind that of attention-only (addressing L2 in
§3). Finally, we present evidence that CTC’s align-
ment information resolves attention’s end-detection
problem in both input and output synchronous joint
decoding (§4.2) (addressing L3 in §3).

6.1 Joint CTC/Attention Models Outperform
CTC-only and Attention-only Baselines

As shown in Table 2, joint CTC/Attention with
output-synchronous decoding outperforms pure-
attention across all MT and ST tasks (line 2 vs.
6). Joint training while only decoding with the
attention branch still outperforms pure-attention
models without any joint training (line 2 vs. 4).
Note that CTC is consistently the weaker of the
two branches in jointly trained models (line 3 vs.

4Evaluation with additional metrics is provided in §A.1.

4). Joint input/output-synchronous decodings yield
further improvements overall, confirming that both
joint training and decoding are beneficial (line 4
vs. 5/6). However, we find that input-synchrony
lags behind output-synchrony (line 5 vs. 6); this
phenomenon is discussed further in §7.

6.2 Hierarchical Encoding Reduces
Attention’s Alignment Burden

We examine the regularization effect that CTC joint
training has on the attentional decoder, per L1 in
§3, by first quantifying the monotonicity, m of a
(L, T ) shaped source attention pattern, A:

m =
⇣ X

2<lL

[argmax
t2T

Al � argmax
t2T

Al�1]
⌘
/L

where [·] denotes the Iverson bracket. In other
words, we define monotonicity m as the rate at
which the decoder at step l attends most sharply
on an input index, argmaxt2T Al, which is greater
than or equal to that of the previous step l � 1,
argmaxt2T Al�1. We compute m over all exam-
ples in our validation sets for De-En MT and En-De
ST and show the layer-wise averages over all exam-
ples and attention heads in Figure 2. It can be seen
that the decoder source attention patterns are more
monotonic when using jointly trained hierarchical
encoders. Per line 2 of Table 1, we argue that this
greater monotonicity allows the decoder to more
rapidly learn soft alignment patterns – ultimately
this advantage is reflected in the overall perfor-
mance gains observed from joint training without
joint decoding (line 2 vs. 4 in Table 2).

For a qualitative example illustrating the in-
creased monotonicity of decoder source attention
patterns, please see §A.7. We also found that in-
creased monotonicity leads improved multilingual
parameter sharing in our All-En MT and ST mod-
els, suggesting that the target-orientation of our en-
coder reduced the decoder’s burden of soft-aligning
target English outputs to source languages with
varying word-orders (discussed further in §A.5).

What are the respective contributions of SRC-
CTC and TGTCTC? TGTCTC holds elevated im-
portance as joint decoding is not possible without it.
However, we’d like to understand how each compo-
nent contributes to the benefits observed from joint
training without joint decoding in §6.1. In Table 3,
we show ablate SRCCTC and TGTCTC in order to
confirm that both contribute to performance gains.
Note that SRCCTC on its own appears to contribute

objective, L = LSRCCTC + λ1LTGTCTC + λ2LATTN, where λ’s interpolate source-oriented CTC,
target-oriented CTC, and decoder cross-entropy losses.

As shown in Figure 10.1.a, SRCENCMT(·) consists of N1 Transformer (Vaswani et al., 2017)
layers followed by N2 up-sampling Output Length Controller (OLC) layers used in LegoNN
(Dalmia et al., 2022) – the layer-wise positional embeddings of the OLC architecture enable latent
length-adjustment of textual inputs. TGTENCMT(·) consists of N3 non-up-sampling OLC layers
– the layer-wise attention of the OLC architecture enables latent re-ordering. Our ST encoder is
similar, but uses Conformers (Gulati et al., 2020) to capture the local and global dependencies in
speech, as shown in Figure 10.1.b. SRCENCST(·) consists of N1 convolutional blocks (Dong et al.,
2018) for down-sampling followed by N2 Conformer layers – this stage is analogous to the ASR
sub-task of ST where a long speech signal is length-adjusted to a shorter latent textual representa-
tion. TGTENCST(·) consists of N3 Conformer layers – this stage is analogous to the MT sub-task
of ST where latent re-ordering is enabled by self-attention. LegoNN and Conformer are further
described in §10.10.

Input/Output-Synchronous Decoding

Per L2 and L3 described in §10.3, we seek to design a joint decoding algorithm with input and
output-synchronous variants of one-pass beam search which differ only in whether CTC or atten-
tion takes the leading role. As shown in Algorithms 1 and 2, we propose to align the input and
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output beam-step functions along three common functions: hypothesis expansion, joint scoring,
and end detection. Using these mirrored forms, let us now interpret the respective roles of CTC
and attention.

Output-Synchrony Consider first that attention is in the leading role, which means that we are
working with an output-synchronous beam search. Note that this is the algorithm originally pro-
posed by Hori et al. (2017a). OUTPUTSTEP performs hypothesis expansion by computing the
attentional decoder’s output posterior at label step l, PAttn(yl|X, y1:l−1) for each partial hypothesis,
y1:l−1. A pre-beam size, p, is then used to select the top candidate output units (Seki et al., 2019a),
attnCnds, which are used to expand the partial hypotheses via concatenation, denoted by⊕. In the
joint scoring block, the attentional decoder likelihood, AttnScore(·), and length penalty/reward,
LengthPen(·) yield the estimated joint likelihood PBeam. Finally in end detection, OUTPUTSTEP

must check for the stop token, <eos>, which may be proposed by attnCnds.

Input-Synchrony Now let us consider the differences when CTC is in the leading role. Note that
this algorithm extends Hannun et al. (2014)’s CTC beam search algorithm to include joint scoring
with attentional likelihoods. INPUTSTEP performs hypothesis expansion by computing CTC’s
alignment posterior at time step t, PCTC(zt|X). Unlike in output-synchrony, here each hypothesis
expansion also consumes one step of the input. The same pre-beam size, p, is used to select top
candidate alignment units, CTCCnds, but partial hypotheses are only expanded for non-blank and
non-repeat candidates. The joint scoring block is identical to output-synchrony except for one
difference: CTC likelihood, CTCScore(·), is applied over the full input, X1:T , in OUTPUTSTEP

and over the partial input, X1:t, in INPUTSTEP. This difference engenders a speed vs. accuracy
trade-off, which we discuss in D2 of §10.7. Finally, end detection simply occurs when all input
units have been consumed (t = T ). Therefore, INPUTSTEP does not require checking for the stop
token as all hypotheses at time T are ended.

We propose this particular form of input-synchronous beam search in order to exactly mirror
the functions of its output-synchronous counterpart; without this mirrored formulation, we cannot
attribute differences in decodings to the swapped roles of CTC and attention. For instance, now
we can answer questions such as can CTC perform hypothesis expansion on par with attention,
allowing us to address concerns about applying weaker joint CTC models during decoding per L2
and L3 in §10.3. To the best of our knowledge, we are the first to examine the theoretical and
empirical differences of input and output synchrony through a unified formulation, as discussed
further in §10.7. Other forms of input-synchronous beam search in prior works cannot directly
be used for this purpose. Triggered Attention (Moritz et al., 2019) is one such example which
is purpose-fit for streaming to a degree where several core components (e.g. look-ahead and re-
triggering) cannot trivially be re-factored into an output-synchronous variant.
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MODEL TYPE MT ST

Joint Joint Decoding IWSLT14 IWSLT14 MTedX MuST-C-v2 MuST-C-v2 MTedX
# MODEL NAME Train? Decode? Method De-En Es-En All-En En-De En-Ja All-En

1 Pure-Attn (Prior) ✗ ✗ Attn Only (32.2)† (39.0)† -♢ 25.8‡ 12.4‡ -♢

2 Pure-Attn (Ours) ✗ ✗ Attn Only 32.8 (33.7) 39.0 (39.9) 25.6 27.8 14.3 22.7

3 Joint CTC/Attn ✓ ✗ CTC Only 27.3 33.8 22.4 24.4 10.2 21.4
4 Joint CTC/Attn ✓ ✗ Attn Only 33.6 39.5 28.0 28.3 14.2 23.7

5 Joint CTC/Attn ✓ ✓ Joint I-Sync 33.7 39.7 27.8 29.2 15.1 25.1
6 Joint CTC/Attn ✓ ✓ Joint O-Sync 34.1 39.9 28.1 29.2 15.3 25.1

Table 10.2: Test set performances, as measured by BLEU (↑), of our proposed joint CTC/Atten-
tion models compared to pure-attention baselines. Joint CTC/Attention models are always jointly
trained, but can be either jointly decoded using input/output synchrony or decoded using only their
CTC or attention branches. For IWSLT14, we mention (tokenized BLEU) for comparison with
prior works: †Raunak et al. (2020) and ‡Inaguma et al. (2020). ♢Prior MTedX works show only
All-All or pair-wise settings.

10.5 Experimental Setup

Data We examine the efficacy of our proposed approaches on two language pairs for each of the
MT and ST tasks. For MT, we use German-to-English (De-En) and Spanish-to-English (Es-En)
from IWSLT14 (Cettolo et al., 2012). For ST, we use English-to-German (En-De) and English-to-
Japanese (En-Ja) from MuST-C-v2, reporting tst-COMMON results (Di Gangi et al., 2019). We
also examine the multilingual setting of 6 European languages to English (All-En) from MTedX
(Salesky et al., 2021) for both tasks. Full dataset descriptions for reproducibility are in §10.11.

Modeling We compare our joint CTC/Attention models to purely attentional encoder-decoder
baselines. All proposed and baseline models were tuned separately, using validation sets only,
within the same hyperparameter search spaces for training and decoding to ensure fair comparison.
All experiments were conducted using ESPnet-ST (Inaguma et al., 2020). Full descriptions of
model sizes, hyperparameters, and pre-processing are in §10.11.3

Evaluation: Unless otherwise indicated, we measure performance with detokenized case-sensitive
BLEU (Post, 2018) on punctuated 1-references.4

3We compare our baselines for MuST-C-v2 to the default recipes in ESPnet in Table 10.2. For back-compatibility with
additional prior works using MuST-C-v1 En-De, see §10.10.

4Evaluation with additional metrics is provided in §10.10.
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10.6 Results and Analyses

In this section, we first present our main results on 6 benchmark MT and ST tasks. We then present
evidence that hierarchical encoding (§10.4) produces stable encoder representations that simplify
the decoder’s source attention (addressing L1 in §10.3). Next we present evidence that joint de-
coding is beneficial despite the fact that CTC-only performance lags behind that of attention-only
(addressing L2 in §10.3). Finally, we present evidence that CTC’s alignment information allevi-
ates attention’s end-detection problem in both input and output synchronous joint decoding (§10.4)
(addressing L3 in §10.3).

Joint CTC/Attention Models Outperform CTC-only and Attention-only Base-
lines

As shown in Table 10.2, joint CTC/Attention with output-synchronous decoding outperforms pure-
attention across all MT and ST tasks (line 2 vs. 6). Joint training while only decoding with the
attention branch still outperforms pure-attention models without any joint training (line 2 vs. 4).
Note that CTC is consistently the weaker of the two branches in jointly trained models (line 3
vs. 4). Joint input/output-synchronous decodings yield further improvements overall, confirming
that both joint training and decoding are beneficial (line 4 vs. 5/6). However, we find that input-
synchrony lags behind output-synchrony (line 5 vs. 6); this phenomenon is discussed further in
§10.7.

Hierarchical Encoding Reduces Attention’s Alignment Burden

We examine the regularization effect that CTC joint training has on the attentional decoder, per L1
in §10.3, by first quantifying the monotonicity, m of a (L, T ) shaped source attention pattern, A:

m =
( ∑

2<l≤L

[argmax
t∈T

Al ≥ argmax
t∈T

Al−1]
)
/L

where [·] denotes the Iverson bracket. In other words, we define monotonicity m as the rate at
which the decoder at step l attends most sharply on an input index, argmaxt∈T Al, which is greater
than or equal to that of the previous step l− 1, argmaxt∈T Al−1. We compute m over all examples
in our validation sets for De-En MT and En-De ST and show the layer-wise averages over all ex-
amples and attention heads in Figure 10.2. It can be seen that the decoder source attention patterns
are more monotonic when using jointly trained hierarchical encoders. Per line 2 of Table 10.1, we
argue that this greater monotonicity allows the decoder to more rapidly learn soft alignment pat-
terns – ultimately this advantage is reflected in the overall performance gains observed from joint
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Figure 10.2: Layer-wise monotonicity (↑) of the source-attention patterns produced by MT/ST
decoders.

training without joint decoding (line 2 vs. 4 in Table 10.2).
For a qualitative example illustrating the increased monotonicity of decoder source attention

patterns, please see §10.10. We also found that increased monotonicity leads improves multilingual
parameter sharing in our All-En MT and ST models, suggesting that the target-orientation of our
encoder reduced the decoder’s burden of soft-aligning target English outputs to source languages
with varying word-orders (discussed further in §10.10).

What are the respective contributions of SrcCTC and TgtCTC? TGTCTC holds elevated im-
portance as joint decoding is not possible without it. However, we’d like to understand how each
component contributes to the benefits observed from joint training without joint decoding in §10.6.
In Table 10.3, we ablate SRCCTC and TGTCTC in order to confirm that both contribute to perfor-
mance gains. Note that SRCCTC on its own appears to contribute more to MT than it does to ST,
suggesting that the length adjustment stage is more critical in MT.

Even Weak CTC Models Strengthen Joint CTC/Attention Models

We examine the generalization effect that augmenting autoregressive likelihoods with condition-
ally independent likelihoods has during inference, per L2 in §10.3, by evaluating De-En MT and
En-De ST models on out-of-domain EuroParl test sets (Iranzo-Sánchez et al., 2020). As shown
in Table 10.4, joint CTC/Attention models outperform pure-attention baselines across in-domain
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MT (DE-EN) ST (EN-DE)

SRCCTC TGTCTC IWSLT14 MuST-C-v2

✗ ✗ 32.1 27.7
✓ ✗ 34.1 27.8
✗ ✓ 33.3 28.1
✓ ✓ 34.8 28.3

Table 10.3: Ablation on the impacts of SRCCTC and TGTCTC CTC components of hierarachical
encoding, as measured by performance on validation sets. Only attention is used in decoding to
enable fair comparisons.

DECODING MT (DE-EN) ST (EN-DE)
MODEL METHOD In-D Out-D In-D Out-D

Pure-Attn Attn Only 32.8 15.8 27.8 20.5

Joint C/A Attn Only 33.6 17.1 28.3 21.0
+CTC Rescore 33.6 17.1 28.3 21.0

Joint C/A Joint O-Sync 34.1 17.6 29.2 21.7

Joint C/A CTC Only 27.3 13.1 24.4 16.5
+Attn Rescore 29.5 13.9 26.2 17.8

Joint C/A Joint I-Sync 33.7 17.4 29.2 21.1

Table 10.4: In/out domain test performances of joint CTC/attention models with various decoding
methods.

(In-D) and out-of-domain (Out-D) settings. When decoding only the CTC branch of joint mod-
els (denoted as CTC I-Sync in the table) performance is significantly degraded compared to the
attention branch of the same models (denoted as Attn O-Sync in the table). This gap appears
slightly lessened in the out-of-domain setting where CTC’s conditional independence may offer
some robustness. Nonetheless these weak CTC models still boost their stronger attention counter-
parts during joint decoding (both via input and output-synchrony), suggesting that ensembling of
conditionally independent and dependent likelihoods is a powerful technique.

Further, synchronous joint decoding methods outperform their two-pass re-scoring counter-
parts (discussed in D2 of §10.7), suggesting that joint selection of the hypothesis set is necessary
for easing the respective weaknesses of autoregressive and conditionally independent likelihood
estimation.
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Figure 10.3: Elasticity of BLEU and length ratios (|hyp|/|ref|) w.r.t length penalty in validation
sets.

CTC’s Alignment Information Resolves Attention’s End-Detection Problem

Finally, we examine the effect that CTC’s alignment information has on end detection during de-
coding, per L3 in §10.3. In Figure 10.3, we observe the change in translation quality (as measured
by BLEU) and output length (as measured by hypothesis-to-reference length ratio) when the length
penalty (denoted as LengthPen(·) in Algorithms 1 and 2) is gradually increased, forcing decodings
to produce longer outputs. Pure-attention baselines rapidly degenerate when forced to produce hy-
potheses that are longer than references as they struggle to detect the ends of hypotheses (Murray
and Chiang, 2018b). On the other hand, joint decoding produces gradually longer outputs regard-
less of whether CTC is in a primary role (input-synchrony) or a secondary role (output-synchrony),
demonstrating that CTC alignments ease the decoder’s end-detection problem by explicitly or im-
plicitly ruling out hypotheses of incorrect lengths.

10.7 Discussion: More on Joint Decoding

D1 Why do input vs. output-synchronous joint decodings yield slightly different results?
By comparing the CTC likelihood estimation in INPUTSTEP vs. OUTPUTSTEP, it can be
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DECODING TYPE ACCURACY SPEED

Method Beam Size BLEU Search Error RTF

Joint O-Sync 5 29.1 0.73% 0.9
Joint O-Sync 10 29.2 0.44% 1.7
Joint O-Sync 50 29.0 0.36% 9.0

Joint I-Sync 5 28.1 1.02% 0.4
Joint I-Sync 10 28.6 1.09% 0.9
Joint I-Sync 50 29.0 0.87% 6.4

Table 10.5: Speed vs. accuracy for joint input/output-sync decoding of En-De ST val. set as a fxn.
of beam size.

seen that there is a trade-off between speed vs. accuracy. First, note that in OUTPUTSTEP,
CTCScore(y1:l, X1:T ), is a marginalization over the likelihoods of all possible alignments of the
partial hypothesis y1:l to the full input X1:T (Seki et al., 2019a). On the other hand, CTCScore(ỹ, X1:t)

in INPUTSTEP is an estimation of the marginalized likelihoods of the partial hypothesis y1:l to the
partial input X1:t (Graves and Graves, 2012; Hannun et al., 2014). Even at step T , these two
CTCScore(·)’s are not equivalent. Since CTCCnds may include the blank token, INPUTSTEP

may prune partial hypotheses at a previous beam step which would have merged with y1:l. There-
fore, CTCScore(·) in input-synchrony is less accurate. However, input-synchrony requires fewer
computations. Using dynamic programming, output-synchrony computes CTCScore(·) for all
partial hypothesis within a single beam step with O(bpT ) log-additions (Watanabe et al., 2017b)
while input-synchrony uses only O(bp) log-additions (Hannun et al., 2014).

In Table 10.5, we perform an experimental validation of our theoretical understanding of the
speed vs. accuracy trade-off between the two synchronous joint decoding variants. To quantify
speed, we compute the real-time factor (RTF) as the ratio of decoding time over the duration
of input speech. To quantify accuracy beyond the BLEU metric, we compute the search error
rate (Meister et al., 2020) by counting the sequences for which the hypothesis has higher exact
likelihood than the reference. For the same beam size, output is slower but more accurate than
input-synchronous. We conclude that input-synchrony may in fact be preferable in applications
with latency constraints.

D2 Why did synchronous joint decodings outperform re-scoring decodings in Table 10.4?
There is a family of two-pass decoding algorithms (Watanabe et al., 2017b; Sainath et al.,

2019), which also achieve joint decoding by first estimating the likelihoods of a subset of sequences
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V ′ with one module and then re-scoring the estimates with the other module. In these approaches,
the subset V ′ is determined asynchronously, meaning the joint likelihood is not considered until the
re-scoring step; this delayed consideration of the joint likelihood is the main drawback compared
to the synchronous approaches. If the attentional decoder is used to determine V ′, then V ′ would
suffer from exposure/label bias and the length problem (§10.2). On the other hand, if CTC is used
to determine V ′, the lack of causal modeling in CTC leads to poor estimates of V ′ – particularly
for translation.

10.8 Related Works

The idea of using latent alignments to improve autoregressive translation has been explored previ-
ously by Haviv et al. (2021) who concluded that CTC alignments are not compatible with teacher
forcing. The key difference is that we train CTC and autoregressive models jointly while Haviv
et al. (2021) sought to apply CTC to train autoregressive models, replacing cross-entropy entirely.
More recently in a concurrent work, Zhang et al. (2022a) have also shown the effectiveness of
jointly training CTC and attention in the context of ST for un-written languages where no ASR
transcriptions are available. We believe that our contribution showing the effectiveness of also
jointly decoding CTC and attention demonstrates an additional technique which can further im-
prove their direction. Our work also differs in that we seek to incorporate the ASR objective into
ST via hierarchical encoding.

Other concurrent works integrated CTC and attention within blockwise streaming (Deng et al.,
2022a) and compositional multi-decoder (Yan et al., 2022a) architectures for ST in particular. Our
work supports their findings by addressing why CTC is helping, and we provide a unified approach
that generalizes to both MT and ST. Prior works have also used the non-autoregressive property
of CTC as means for speeding up autoregressive models during inference (Inaguma et al., 2021a;
Gaido et al., 2021), but these works focus on latency and do not apply CTC to improve translation
quality.

10.9 Conclusion

We propose to jointly train and decode CTC/attention models for MT and ST using 1) hierarchical
encoding to resolve incompatibilities between CTC and the non-monotonic mappings in translation
and 2) synchronous decoding to ease the exposure/label biases of autoregressive decoders with
CTC’s conditionally independent alignment information. Our analyses reveal several reasons why
even weak CTC models benefit autoregressive translation via joint modeling, suggesting that future
explorations into jointly modeling attentional decoders with other latent alignment models (Graves
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DECODING TYPE SPEED

Method Beam Size RTF %∆

Pure-Attn O-Sync 5 0.9 -
Pure-Attn O-Sync 10 1.2 -
Pure-Attn O-Sync 50 3.5 -

Joint CTC/Attn O-Sync 5 0.9 +0%
Joint CTC/Attn O-Sync 10 1.7 +42%
Joint CTC/Attn O-Sync 50 9.0 +157%

Joint CTC/Attn I-Sync 5 0.4 -56%
Joint CTC/Attn I-Sync 10 0.9 -25%
Joint CTC/Attn I-Sync 50 6.4 +85%

Table 10.6: Limitations Table: comparison of joint decoding and pure-attention RTFs across
different beam sizes. %∆ between the joint RTF and pure-attention RTF for the same beam size is
shown, where positive %’s indicate slow-downs and negative %’s indicate speed-ups.

and Graves, 2012; Ghazvininejad et al., 2020; Saharia et al., 2020) may uncover similar benefits.
We’ve now demonstrated a sequential, temporal multi-sequence approach. Next we’ll evaluate

the efficacy in a streaming setting.

Limitations

There are several potential limitations pertaining to the increased computational overhead and
latency of the joint modeling approach. One concern is that joint decoding is much slower, but
we found that input-synchronous joint decoding is actually faster than pure-attention decoding for
smaller beam sizes, as shown in Table 10.6.

The other limitation is that our MT models upsample input representations in the early lay-
ers of the encoder, thereby increasing the computations in subsequent encoder layers and the de-
coder’s cross-attention. We can use LegoNN-based encoders (Dalmia et al., 2022) to adjust the
up-sampling rate to a fractional value, minimizing the computations given dataset statistics. Al-
ternatively, we may avoid the need for up-sampling by applying a larger byte-pair encoding size
(Kudo and Richardson, 2018a) to the target language compared to the source language. CTC’s
use in guiding efficient down-sampling of representations in ST (Gaido et al., 2021) suggest that it
may also be applied for efficient up-sampling for MT – we leave this study on efficiency to future
work.

147



DECODING IWSLT14 (DE-EN) MUST-C-V2 EN-DE

MODEL NAME METHOD BLEU (↑) TER (↓) METEOR (↑) BLEU (↑) TER (↓) METEOR (↑)
Pure-Attn (Ours) Attn-only 32.8 50.9 29.4 27.8 59.1 38.6

Joint CTC/Attn Attn-only 33.6 50.7 30.0 28.3 58.4 39.2

Joint CTC/Attn Joint I-Sync 33.7 50.6 30.0 29.2 57.8 40.1
Joint CTC/Attn Joint O-Sync 34.1 49.9 30.2 29.2 57.5 40.2

Table 10.7: Test set performances, as measured by BLEU (↑), TER (↓), and METEOR (↑), of our
proposed joint CTC/Attention models compared to pure-attention baselines.

DECODING IWSLT14 IWSLT14 MUST-C-V2 MUST-C-V2
MODEL NAME METHOD De-En Es-En En-De En-Ja

Pure-Attn (Ours) Attn O-sync 34.1 41.2 28.5 11.3

Joint CTC/Attn Joint I-sync 34.6 42.0 29.0 12.4
Joint CTC/Attn Joint O-sync 35.0 42.3 29.2 12.4

Table 10.8: Valid set performances, as measured by BLEU (↑).

Finally, note that the corpora used for the MT experiments in this work are considered medium
resourced. Prior work (Murray and Chiang, 2018b) has shown that the autoregressive end-detection
problem exists across low to high resourced scenarios; suggesting that the CTC/attention approach
would be generally beneficial. We leave the study of joint CTC/attention modeling on higher
resourced MT corpora to future work.

10.10 Supplementary Information

Additional Translation Metrics

To supplement our BLEU evaluation in Table 10.2, we also measure the translation quality of our
models using Translation Error Rate (TER) (Snover et al., 2006) and METEOR (Banerjee and
Lavie, 2005). As shown in Table 10.7, our findings are consistent across all three metrics for both
MT and ST models.
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MUST-C-V1
MODEL NAME En-De

ESPnet-ST1 22.9
Dual-Decoder2 23.6
E2E-ST-TDA3 25.4
Multi-Decoder4 26.4
Pure-Attn (ours) 27.1

Joint CTC/Attn w/ Joint O-Sync 28.2

Table 10.9: Comparison of our best MuST-C-v1 En-De Joint CTC/Attn model and our Pure-Attn
baseline with prior works: 1Inaguma et al. (2020), 2Le et al. (2020b), 3Du et al. (2022), 4Dalmia
et al. (2021b)

MuST-C-v1 Back-Compatibility

See Table 10.9 for results compared to prior works.

Valid Set performances

Table 10.8 presents the validation performances for our ST and MT models.

Description of Encoder Architectures

LegoNN Encoder (Dalmia et al., 2022) is a stacked multi-block architecture that was introduced
to encode and re-sample the input sequence into a sequence of representations of a desired length,
which is typically a factor of the input sequence. It first encodes the input using transformer en-
coder blocks (Vaswani et al., 2017) and then re-encodes them into a sequence of latent representa-
tions using cross-attention. Starting from a sequence of learnable positional embeddings (Gehring
et al., 2017), these latent representations are learned using another stack of transformer encoder
layers with an added cross-attention component over the input representations in each block.

The Conformer encoder (Gulati et al., 2020) is a stacked multi-block architecture and has
shown consistent improvement over a wide range of E2E speech processing applications (Guo
et al., 2021). It includes a multi-head self-attention module, a convolution module, and a pair
of position-wise feed-forward modules in the Macaron-Net style. While the self-attention mod-
ule learns the long-range global context, the convolution module aims to model the local feature
patterns synchronously.
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Increased Cross-Attentional Monotonicity Leads to Increased Multilingual
Parameter Sharing

We further examine the source attention parameters in our All-En models to understand the im-
pact that the increased monotonicity of decoder attention (§10.6) has on multilingual parameter
sharing. To do so, we extract sparse subnets for each language pair following the Lottery Ticket
Sparse Fine-Tuning proposed by Ansell et al. (2022) and compute the pair-wise sharing across
the 6 source languages, as measured by the count of overlapping parameters between subnets. In
Figure 10.4, we show the relative change (∆%) in multilingual sharing when using hierarchical
encoding compared to the baseline. The broad increases suggest that the target-orientation of our
encoder reduced the decoder’s burden of soft-aligning target English outputs to source languages
with varying word-orders, allowing for more efficient allocation of capacity.

compare_mt. py Length Analysis

As shown in Figure 10.5, both joint synchronous decodings are more robust than pure-attention
for long output lengths across both MT and ST. Input-synchrony appears particularly more robust
in generation of very long outputs for ST.

View of Regularized Attention

See Figure 10.6 for a qualitative example of monotonic source attention patterns (supplementary
to the quantitative monotonicity in Figure 10.2).

10.11 Reproducibility

Dataset Descriptions

See Table 10.10 for dataset descriptions. Data preparation was done using ESPnet recipes.

Model Architectures

See Table 10.11 for model architectures.

Training/Decoding Hyperparameters

See Tables 12-15 for hyperparameter descriptions.
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Dataset Task Source Lang(s) Target Lang(s) Domain # Train/Valid/Test Utts # Speech Train Hours

IWSLT17 (Cettolo et al., 2012) MT De En TED Talk 160k/7k/7k -
IWSLT17 (Cettolo et al., 2012) MT De Es TED Talk 160k/7k/7k -

MuST-C-v2 (Di Gangi et al., 2019) ASR/ST En De TED Talk 250k/1k/3k 450h
MuST-C-v2 (Di Gangi et al., 2019) ASR/ST En Ja TED Talk 330k/1k/3k 540h

MTedX (Salesky et al., 2021) MT Es, Fr, Pt, It, Ru, El En TED Talk 130k/6k/6k -
MTedX (Salesky et al., 2021) ASR Es, Fr, Pt, It, Ru, El En TED Talk 400k/6k/6k 730h
MTedX (Salesky et al., 2021) ST Es, Fr, Pt, It, Ru, El En TED Talk 130k/6k/6k 250h

EuroParl (Iranzo-Sánchez et al., 2020) MT De En Parliament Speech - /-/2k -
EuroParl (Iranzo-Sánchez et al., 2020) ST En De Parliament Speech -/-/1k -

Table 10.10: MT/ST/ASR dataset descriptions. Utterance counts are rounded to the nearest
thousand. Language codes: De=German, En=English, Es=Spanish, Ja=Japanese, Fr=French,
Pt=Portuguese, It=Italian, Ru=Russian, El=Greek

Model Task # Encoder Layers [S] # Decoder Layers SrcCTC Layer Up/Down-Sample Pre-Train Init Src BPE Size Tgt BPE Size # Params

Pure-Attn MT 12 [6,12,18] 6 - - - 10k (joint) 54M
Joint CTC/Attn MT 18 [6,12,18] 6 6 3x - 10k (joint) 95M

Pure-Attn ST 18 [12, 18] 6 - 1/4x Enc lyr 1-12 from ASR 4k 4k 74M
Joint CTC/Attn ST 18 [12, 18] 6 12 1/4x Enc lyr 1-12 from ASR 4k 4k 72M

Pure-Attn ASR 12 6 - - - 4k 4k 46M

Table 10.11: MT/ST/ASR model descriptions. The best MT/ST Encoder layers settings were
selected over a search space indicated by S. Parameter counts are rounded to the nearest million.
Note that the 12 layer pure-attn model outperformed the 18 layer version and that the 12 layer joint
model still outperformed these baselines.

Metrics

Sacrebleu signature for all non-Japanese:
BLEU+case.mixed+numrefs.1 +smooth.exp+tok.13a+version.1.5.1

Sacrebleu signature for Japanese:
BLEU+case.mixed+lang.en-ja+numrefs.1 +smooth.exp+tok.ja-mecab-0.996-IPA

+version.1.5.1

For tokenized BLEU in the IWSLT MT datasets we used mutibleu.perl (Moses-SMT, 2018)

Computing

ST models were trained on 2 x V100 for 2 days. MT models were trained on 1 x A6000 for 1 day.
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Hyperparameter Value

Hidden Dropout 0.3
Attention dropout 0.3
Activation dropout 0.3
LR schedule inv. sqrt. (Vaswani et al., 2017)
Max learning rate best of [1e-3, 3e-3]
Warmup steps 10000
Number of steps 200 epoch
Adam eps 1e-9
Adam betas (0.9, 0.98)
Weight decay 1e-4
λ1, λ2 (1, 2)

Table 10.12: Training Hyperparameters for MT Models.

Dec Src Attn Subnet Sharing Improvements

Figure 10.4: Improvement of multilingual sharing in MT/ST decoder source attention parameters
when using joint CTC/Attention vs. attention-only training, as measured by pair-wise ∆% in
sparse subnet overlap.
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Figure 10.5: Compare-mt (Neubig et al., 2019) output sentence length to BLEU for joint decoding
vs pure-attention models. Model codes: sys1 = Joint Input-Sync, sys2 = Joint Output-Sync, sys3
= Pure-Attn
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Figure 10.6: Visualization of source attention patterns produced by pure-attention baseline (top)
vs. joint CTC/attention (bottom) ST models. Qualitative example extracted from the final decoder
layer. Irregular patterns are observable in the pure-attention plots, but not in the joint CTC/attention
plots.

Hyperparameter Value

Hidden Dropout 0.1
Attention dropout 0.1
Activation dropout 0.1
LR schedule inv. sqrt. (Vaswani et al., 2017)
Max learning rate 0.002
Warmup steps 25000
Number of steps 40 epoch
Adam eps 1e-9
Adam betas (0.9, 0.98)
Weight decay 0.0001
λ1, λ2 (2, 5)

Table 10.13: Training Hyperparameters for ST Models.
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Decoding Type Hyperparameter Value

Pure Attn
Max Length Ratio [1, 1.2, 1.4, 1.6, 1.8, 2, 2.5, 3]
Penalty [0, 0.2, 0.4, 0.6, 0.8, 1.0]
Beam Size 5

Joint O-Sync
Max Length Ratio 1
Penalty [0, 0.2, 0.4, 0.6, 0.8, 1.0]
CTC Weight 0.3
Beam Size 5

Joint I-Sync

Max Length Ratio 1
Penalty [0, 0.2, 0.4, 0.6, 0.8, 1.0]
Blank Penalty [0.5, 0.75, 1.0]
CTC Weight [0.3, 0.5]
Beam Size [10, 30]

Table 10.14: Decoding Search Space MT Models.

Decoding Type Hyperparameter Value

Pure Attn
Max Length Ratio 1
Penalty [0,0.2,0.4,0.6,0.8,1.0]
Beam Size [10, 30, 50]

Joint O-Sync
Max Length Ratio 1
Penalty [0,0.2,0.4,0.6,0.8,1.0]
CTC Weight [0.3, 0.5]
Beam Size [10, 30, 50]

Joint I-Sync

Max Length Ratio 1
Penalty [0,0.2,0.4,0.6,0.8,1.0]
Blank Penalty 1
CTC Weight [0.3, 0.5]
Beam Size [10, 30, 50]

Table 10.15: Decoding Search Space ST Models.
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Chapter 11

Application of Hierarchical CTC to
Streaming Speech Translation

Summary

In this chapter, we apply the Hierarchical CTC approach described in Chapter 8, a sequential,
temporal multi-sequence model, to a streaming setting.

This chapter describes CMU’s submission to the IWSLT 2023 simultaneous speech translation
shared task for translating English speech to both German text and speech in a streaming fashion.
We first build offline speech-to-text (ST) models using the joint CTC/attention framework. These
models also use WavLM front-end features and mBART decoder initialization. We adapt our of-
fline ST models for simultaneous speech-to-text translation (SST) by 1) incrementally encoding
chunks of input speech, re-computing encoder states for each new chunk and 2) incrementally de-
coding output text, pruning beam search hypotheses to 1-best after processing each chunk. We then
build text-to-speech (TTS) models using the VITS framework and achieve simultaneous speech-
to-speech translation (SS2ST) by cascading our SST and TTS models.

11.1 Introduction

In this chapter, we present CMU’s English to German simultaneous speech translation systems.
Our IWSLT 2023 (Agarwal et al., 2023) shared task submission consists of both simultaneous
speech-to-text (SST) and simultaneous speech-to-speech (SS2ST) systems. Our general strategy
is to first build large-scale offline speech translation (ST) models which leverage unpaired speech
data, ASR data, and ST data. We then adapt these offline models for simultaneous inference.
Finally, we use a text-to-speech model to achieve SS2ST in a cascaded manner.
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In particular, our system consists of:

1. Offline ST using joint CTC/attention with self-supervised speech/text representations (§11.3)

2. Offline-to-online adaptation via chunk-based encoding and incremental beam search (§11.3)

3. Simultaneous S2ST by feeding incremental text outputs to a text-to-speech model (§11.3)

11.2 Task Description

The IWSLT 2023 simultaneous speech translation track1 is a shared task for streaming speech-
to-text and speech-to-speech translation of TED talks. This track mandates that systems do not
perform re-translation, meaning that the streaming outputs cannot be edited after the system re-
ceives more input audio. Systems are required to meet a particular latency regime: SST systems
must have <2 seconds average lagging (AL) and SS2ST systems must have <2.5 seconds start
offset (SO) (Ma et al., 2020b).

Of the allowed training data, we selected a subset of in-domain data to train our ASR and
ST models: for ASR we use TEDLIUM v1 and v2 (Zhou et al., 2020a) and for ST we used
MuST-C v2 (Di Gangi et al., 2019). We also use a set of cross-domain data to train our MT
and TTS models due to the lack of in-domain data: for MT we use Europarl, NewsCommentary,
OpenSubtitles, TED2020, Tatoeba, and ELRC-CORDIS News (Tiedemann et al., 2020). For TTS
we use CommonVoice (Ardila et al., 2020). The following section describes how each of the ASR,
ST, MT, and TTS components fit together in our ultimate systems.

11.3 System Description

Offline Speech Translation (ST)

As shown in Figure 11.1, our offline ST models are based on the joint CTC/attention framework
(Watanabe et al., 2017b; Yan et al., 2023a). Compared to a purely attention-based approach, joint
CTC/attention has been shown to reduce the soft-alignment burden, provide a positive ensembling
effect, and improve the robustness of end-detection during inference (Yan et al., 2023a).

To leverage unpaired speech data, we use first use WavLM representations (Chen et al., 2022)
as front-end features to train ASR models. In these models, a pre-encoder module (Chang et al.,
2021) applies feature dimension down-sampling and a learned weighted combination of WavLM
layers before feeding to a Conformer encoder (Gulati et al., 2020). The pre-encoder and encoder
modules from ASR are then used to initialize our ST models.
1https://iwslt.org/2023/simultaneous
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Figure 11.1: Offline ST model architecture based on the joint CTC/attention framework with a
WavLM front-end and mBART decoder.

To leverage unpaired text data, we use the mBART decoder (Tang et al., 2020) as an initial-
ization for our ST models. Following (Li et al., 2020), we freeze all feed-forward layers during
fine-tuning and use a post-encoder down-sampling layer to reduce the computational load.

We fine-tune our ST models using the following interpolated loss function: L = λ1LASR_CE +

λ2LASR_CTC + λ3LST_CE + λ4LST_CTC. Here, the cross-entropy (CE) losses are used to train atten-
tional decoders. Note that in Figure 11.1, we omit the ASR attentional decoder and CTC compo-
nents as these function as training regularizations and do not factor into the inference proceedure.
We perform fine-tuning on in-domain data consisting primarily of MuST-C (Di Gangi et al., 2019).

To leverage additional in-domain data, we apply MT pseudolabeling to TEDLIUM ASR data
(Zhou et al., 2020a). We also use the same MT model to apple sequence-level knowledge dis-
tillation to the MuST-C data. The MT model is a pre-trained DeltaLM-large (Ma et al., 2021)
fine-tuned on the corpora listed in Section 11.2. The pseudo-labels and distilled sequences were
then translated from English to German using a beam size of 10.

Simultaneous Speech Translation (SST)

We adapt our offline ST model for streaming inference by using a chunk-based processing of input
speech. As shown in Figure 11.2, our scheme uses a fixed duration (e.g. 2 seconds) to compute
front-end and encoder representations on chunks of input speech. With each new chunk, we re-
compute front-end and encoder representations using the incrementally longer input speech.
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Figure 11.2: Incremental encoding strategy which processes chunks of input speech by re-
computing representations corresponding to earlier chunks.

To produce incremental translation outputs, we apply several modifications to the offline joint
CTC/attention beam search. As shown in Algorithm 1, we run beam search for each chunk of
input. Unless we know that the current chunk is the final chunk, we perform end-detection using
the heuristics introduced by (Tsunoo et al., 2021). If any of the hypotheses in our beam propose a
next candidate which is the special end-of-sequence token or a token which already appeared in the
hypothesis, then this strategy determines that the outputs have likely covered all of the available
input. At this point, the current hypotheses should be considered unreliable and thus the algorithm
rewinds hypotheses to the previous step.

After the end has been detected within the current chunk, we prune the beam to the 1-best
hypothesis and select this as our incremental output – this pruning step is necessary to avoid
re-translation. When the next input chunk is received, beam search continues from this 1-best
hypothesis.

Simultaneous Speech-to-Speech Translation (S2ST)

Simultaneous S2ST model is created by feeding incremental text outputs to a German text-to-
speech model. We use end-to-end TTS model VITS (Kim et al., 2021) and train a single speaker
German TTS model using CommonVoice dataset(Ardila et al., 2020). VITS consists of text-
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Algorithm 2 Beam search step with rewinding of unreliable hypotheses on non-final chunks and
incremental pruning upon end-detection.
1: procedure BEAMSTEP(hyps, prevHyps, isFinal)
2: newHyps = {}; endDetected = False
3: for y1:l−1 ∈ prtHs do
4: attnCnds = top-k(PAttn(yl|X, y1:l−1), k = p)
5: for c ∈ attnCnds do
6: y1:l = y1:l−1 ⊕ c
7: αCTC = CTCScore(y1:l, X1:T )
8: αAttn = AttnScore(y1:l, X1:T )
9: β = LengthPen(y1:l)

10: PBeam(y1:l|X) = αCTC + αAttn + β
11: newHyps[y1:l] = PBeam(·)
12: if (!isFinal) and (c is <eos> or repeat) then
13: endDetected = True
14: newHyps = prevHyps ▷ rewind
15: else if l is maxL then
16: endDetected = True
17: end if
18: end for
19: end for
20: if endDetected then ▷ incremental pruning
21: newHyps = top-k(PBeam(·), k = 1)
22: else ▷ standard pruning
23: newHyps = top-k(PBeam(·), k = b)
24: end if
25: return newHyps, endDetected
26: end procedure

encoder, flow based stochastic duration predictor from text, variational auto-encoder for learning
latent feature from audio and generator-discriminator based decoder for generating speech from
latent feature. We use character as input to the TTS model.

We select a suitable speaker from CommonVoice German dataset and train single speaker TTS.
As CommonVoice may contain many noisy utterances which can hurt performance of TTS, we use
data-selection for high-quality subset. The data selection process involves identifying the speaker
who has the highest number of utterances with high speech quality. To determine the speech
quality, we use speech enhancement metric DNSMOS (Reddy et al., 2021) which provides an
estimation of the speech quality. We evaluate the speech quality for the top five speakers with
the largest number of utterances. To establish the high-quality subset, we set a threshold of 4.0
for selecting sentences that meet the desired quality level. Based on this criterion, we choose the
second speaker, who has approximately 12 hours of high-quality data.

Finally, we combine our trained German TTS model with SST module during inference. We
feed incremental translation text outputs to TTS and synthesize translated speech.
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MODEL QUALITY LATENCY

OFFLINE SPEECH TRANSLATION (ST) BLEU ↑ -

Multi-Decoder CTC/Attn (Yan et al., 2023b) 30.1 - -
WavLM-mBART CTC/Attn (Ours) 32.5 - -

SIMUL SPEECH TRANSLATION (SST) BLEU ↑ AL ↓ LAAL ↓
Time-Sync Blockwise CTC/Attn (Yan et al., 2023b) 26.6 1.93 1.98
WavLM-mBART CTC/Attn (Ours) 30.4 1.92 1.99

SIMUL SPEECH-TO-SPEECH TRANSLATION (SS2T) ASR-BLEU ↑ SO ↓ EO ↓
WavLM-mBART CTC/Attn + VITS (Ours) 26.7 2.33 5.67

Table 11.1: Results of our English to German ST/SST/SS2ST models on MuST-C-v2 tst-
COMMON.

11.4 Experimental Setup

Our models were developed using the ESPnet-ST-v2 toolkit (Yan et al., 2023b). Our ST/SST model
uses WavLM-large as a front-end (Chen et al., 2022). A linear pre-encoder down-samples from
1024 to 80 feature dim. Our encoder is a 12 layer Conformer with 1024 attention dim, 8 attention
heads, and 2048 linear dim (Gulati et al., 2020). A convolutional post-encoder then down-samples
along the length dimension by a factor of 2. Our decoder follows the mBART architecture and
we initialize using the mBART-large-50-many-to-many model (Tang et al., 2020). Our ST CTC
branch uses the same 250k vocabulary as the mBART decoder to enable joint decoding. Our
TTS model consists of 6 transformer encoder layers for text-encoder, 4 normalizing flow layers
for duration predictor, 16 residual dilated convolutional blocks as posterior encoder and multi-
period HiFiGan (Kong et al., 2020) style decoder. We train VITS model for 400 epochs with
AdamW (Loshchilov and Hutter, 2019) optimizer.

During inference, we use a chunk size of 2 seconds for SST and 2.5 seconds for SS2ST. For
both SST and SS2ST we use beam size 5, CTC weight 0.2, and no length penalty/bonus. To
account for incremental outputs which end in a prefix of a word rather than a whole word, we
delay outputs for scoring by 1 token. There are two exceptions to this token delay: if the last token
is a valid German word or a punctuation, then we do not delay.

We evaluate translation quality using BLEU score (Papineni et al., 2002) for ST/SST and ASR-
BLEU score for SS2ST. ST/SST references are case-sensitive and punctuated while SS2ST refer-
ences are case-insensitive and un-punctuated. The ASR model used for ASR-BLEU is Whisper-
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small (Radford et al., 2023). We evaluate translation latency for SST using average lagging (AL)
(Ma et al., 2020b) and length-adaptive average lagging (LAAL) (Papi et al., 2022). We evaluate
translation latency for SS2ST using start (SO) and end-offset (EO) (Ma et al., 2020b).

11.5 Results

Table 11.1 shows the quality and latency of our SST and SS2ST models as measured on En-De
tst-COMMON. We also show the ST performance of our model for reference. As a baseline, we
compare to the IWSLT-scale ST and SST systems developed in Yan et al. (2023b) – our systems
show improved quality, primarily due to the use of WavLM and mBART self-supervised represen-
tations.

From ST to SST, we observe a 6% quality degradation. Note that the average duration of tst-
COMMON utterances is around 5 seconds, meaning the corresponding latency gain is 60%. From
SST to SS2ST, we observe a 12% quality degradation. Note that both the TTS model and the
Whisper ASR model powering the ASR-BLEU metric contribute to this gap.

11.6 Conclusion

We describe our English to German simultaneous speech-to-text and speech-to-speech translation
systems for the IWSLT 2023 shared task. We start by building large-scale offline speech-to-text
systems which leverage self-supervised speech and text representations. We then adapt these of-
fline models for online inference, enabling simultaneous speech-to-text translation. Finally, we
feed streaming text outputs to a down-stream TTS model, enabling simultaneous speech-to-speech
translation.

We’ve now established the efficacy of sequential, temporal multi-sequence modeling for a par-
ticular type of streaming speech translation - that is, outputs are incrementally displayed to the
user. Previously displayed text is never changed, meaning the display is static. Next we consider
an alternative type of display which is dynamic.
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Chapter 12

Post-Edit Operations: Dynamic Display
Streaming Speech Translation

Summary

This section delves into a dynamic display method for streaming speech translation which lever-
ages sequential, temporal multi-sequence modeling.

We propose to simultaneously generate automatic speech recognition (ASR) and ST predic-
tions such that each source language word is explicitly mapped to a target language word. A major
challenge arises from the fact that translation is a non-monotonic sequence transduction task due
to word ordering differences between languages – this clashes with the monotonic nature of ASR.
Therefore, we propose to generate ST tokens out-of-order while remembering how to re-order
them later. We achieve this by predicting a sequence of tuples consisting of a source word, the
corresponding target words, and post-editing operations dictating the correct insertion points for
the target word. We examine two variants of such operation sequences which enable generation
of monotonic transcriptions and non-monotonic translations from the same speech input simulta-
neously. We apply our approach to offline and real-time streaming models, demonstrating that we
can provide explainable translations without sacrificing quality or latency. In fact, the delayed re-
ordering ability of our approach improves performance during streaming. As an added benefit, our
method performs ASR and ST simultaneously, making it faster than using two separate systems to
perform these tasks.
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Figure 12.1: Target sequences for the direct E2E ST models with ASR multi-tasking (a) and our
proposed E2E model (absolute positional operation sequence (c) and relative shift operation se-
quence (d)) generated from source-target alignments (b). Symbols in brackets are post-editing
operations dictating target word insertion order.

12.1 Introduction

Speech-to-text translation (ST) is an inherently compositional task consisting of first recognizing
what was said and then translating the meaning. Cascaded approaches to ST follow this two-
staged processing by first performing automatic speech recognition (ASR) and then passing those
predictions to a machine translation (MT) model (Waibel, 1996; Inaguma et al., 2020; Lam et al.,
2021; Zhang et al., 2022c). On the other hand, end-to-end (E2E) approaches obviate the need for
the intermediate ASR task (Bérard et al., 2016; Bahar et al., 2019; Inaguma et al., 2021c; Zhang
et al., 2022a), but recent works have demonstrated improved performance using E2E multi-staged
architectures which reflect the compositional nature of ST (Sperber et al., 2019; Bahar et al., 2021;
Dalmia et al., 2021b; Yan et al., 2022a). However, E2E systems still offer reduced explainability1

compared to cascaded systems which can use neural MT approaches that explicitly emit word
alignment information (Stahlberg et al., 2018).

One direction towards E2E ST explainability is to simultaneously transcribe and translate using
the same model. Prior works achieve this by interleaving chunks of ASR and ST predictions
within one decoder (Dong et al., 2021; Weller et al., 2021) or by allowing dedicated decoders to
model latent alignments between the tasks (Liu et al., 2020a; Le et al., 2020b; Yan et al., 2023a).
However, it remains difficult to obtain word-level hard-alignments between ASR and ST sequences
from such methods. Ideally, an explainable system would generate a source language word and its
aligned target language word in tandem, but this would mean that the resultant translation sequence
would be incorrectly ordered. We can prevent generating incorrect word-ordered translations using

1In this study, we define explainability as the ability to make the users understand the spoken words are correctly
transcribed and translated.
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language models, similar to statistical MT (Brown et al., 1990; Koehn et al., 2007a). But it does
not resolve this re-ordering problem directly. Recent MT works offer a potential solution via non-
monotonic generation methods capable of insertion-based decoding (Gu et al., 2019; Emelianenko
et al., 2019; Góis et al., 2020; Ran et al., 2021; Xu and Carpuat, 2021). However, these highly
flexible approaches are not directly compatible with the monotonic design of speech processing
systems, particularly for real-time streaming (Pham et al., 2019b; Ma et al., 2019a; Arivazhagan
et al., 2020; Sperber et al., 2020; Chen et al., 2021; Anastasopoulos et al., 2021; Dong et al., 2022).

In this work, we seek to build explainable E2E ST models which 1) simultaneously generate
ASR and ST predictions along with 2) word-level hard-alignment predictions 2 while 3) avoiding
degradation to offline and streaming translation quality. In particular, we are interested in modeling
insertions to allow models to predict ASR tokens monotonically along with their corresponding ST
tokens while remembering how to re-order the translation sequence later. We propose to generate
a sequence of tuples consisting of a source language word (for ASR), a corresponding target lan-
guage word (for ST), and post-editing operations dictating the correct insertion point for the target
word – we refer to these as operation sequences (Stahlberg et al., 2018). In our proposed method,
the sequence can be converted into word-level alignments (e.g., Figure 12.1.b), more explainable
than outputs of the existing simultaneous ASR/ST models (Dong et al., 2021; Weller et al., 2021;
Liu et al., 2020a; Le et al., 2020b; Yan et al., 2023a) (e.g., Figure 12.1.a). Hence, model explain-
ability can be improved by replacing the output with the operation sequence. Our first operation
sequence predicts the absolute positions of each target word within the eventual translation se-
quence (e.g., Figure 12.1.c); however the learned absolute positions may not generalize. To model
insertion positions more relatively, we define a second operation sequence that models a shifting
write header (e.g., Figure 12.1.d). Our relative shift operation sequence is inspired by (Stahlberg
et al., 2018) which was proposed for MT, and we extend this approach to ST by also performing
simultaneous prediction of source language words. We demonstrate that our relative shift opera-
tion sequence enables explainable and high-quality E2E ST compared to baselines for offline and
streaming settings with experiments on MuST-C (Di Gangi et al., 2019). Further, we find that the
delayed re-ordering ability of our approach improves the partial hypothesis during streaming. Fi-
nally, an added benefit of our method is that simultaneous ASR/ST is faster than using two separate
systems.

2Conventional MT works show that phrase-level alignment help to predict better translation than word-level alignment
(d. Gispert et al., 2004; Koehn et al., 2003). We would extend word-level alignment prediction to phrase-level
alignment in the future.
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12.2 Background and Motivation

In this section, we review the black-box nature of direct approaches to E2E ST to motivate our
explainable E2E ST approach in §12.3.

Direct E2E ST with ASR Multi-Tasking

The objective of the E2E ST is to directly predict a token sequence of the target (t) translation
Y (t) = {y(t)l ∈ Y(t)}L(t)

l=1 from an input audio feature sequence X = {xi ∈ ℜD(x)}Ii=1. I , L(s), and
L(t) denote the sequence length of the input audio feature, transcription, and translation, respec-
tively; D(x) denotes the dimension of input audio feature; and Y(t) denotes the token vocabulary of
target language. To predict translation, a neural network (NN) is trained to maximize the following
objective:

L(ST) = log p(Y (t)|X)

=
M∑

m=1

log p(y(t)m |y(t)1:m−1,X), (12.1)

which is frequently modeled using the attention-based encoder-decoder (AED) architecture (Weiss
et al., 2017; Karita et al., 2019). AED models trained to maximize Eq. equation 12.1 try to directly
predict a translation without knowledge of the source language, meaning it has to perform the
complex mapping of a continuous speech input to a non-monotonic target language sequence. To
alleviate this challenge, we can consider that each audio feature sequence X has a corresponding
token sequence of the source (s) transcription y(s) = {y(s)l ∈ Y (s)}L(s)

l=1 . Y (s) denotes the token
vocabulary of source language. Therefore we apply a multi-tasked ASR and ST loss L as follows:

L(ASR) = log p(y(s)|X)

=
N∑

n=1

log p(y(s)n |y(s)1:n−1, X). (12.2)

L = αL(ST ) + (1− α)L(ASR), (12.3)

where α denotes a controllable interpolation (we use 0.3 in this study). Using the NN trained with
Eq. equation 12.3, we can obtain hypothesized translation token sequence ŷ(t) using the following
decision:

ŷ(t) = argmax
y(t)∈Y(t)∗

log p(y(t)|X), (12.4)
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whereY(t)∗ denotes all possible translation sequences. Typically beam search approximates Eq. equa-
tion 12.4, during which the AED generates m-step output token ŷ

(t)
m in a left-to-right autoregressive

manner:

h = Encoder(X), (12.5)

ŷ(t)m = Decoder(ŷ(t)1:m−1,h). (12.6)

Similarly, an ASR decoder generates n-step source token ŷ
(s)
n , and ASR targets to feed the multi-

tasked loss computation (Eq. equation 12.3):

ŷ(s)n = ASRDecoder(ŷ(s)1:n−1,h), (12.7)

where both ST and ASR decoders share the same encoder. Note that ST performance has been
shown to benefit from encoder initialization with pre-trained ASR parameters (Eq. equation 12.2)
(Bansal et al., 2019).

Shortcomings of the Direct Approach

First and foremost, we are interested in improving the explainability of E2E ST. Considering that
the human process for speech-to-text translation entails first recognizing and then translating, the
lack of an intermediate ASR output in the direct approach is a major divergence from our natural
thought process. Direct E2E ST models with ASR multi-tasking do generate ASR targets during
training, but the ASR decoder (Eq. equation 12.7) is parallel to the ST decoder (Eq. equation 12.6)
– in other words, ST predictions are not conditioned on any ASR predictions. Therefore, our first
desideratum is to simultaneously generate ASR and ST predictions such that each ST word may be
explained by a corresponding ASR word. Further our objective is not to simply build explainable
ST models at all costs, but rather to enhance high-performance models with explainability – this
means that we cannot sacrifice translation quality or latency. This latter consideration is particu-
larly important for streaming models. Therefore our second desideratum is that our explainable
models are as good as direct E2E ST toplines in terms of both translation quality and latency.

12.3 Proposed Framework

We first propose to allow E2E ST models to predict word-aligned ASR and ST sequences simul-
taneously by formulating a general framework for generating target words out-of-order while re-
membering how to re-order them via post-editing to obtain final translations. We then present two
variants of such operation sequences which model absolute positions or relative shifts for target
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tokens to enable the aforementioned delayed re-ordering ability.

Word-Aligned Simultaneous E2E ASR and ST

Suppose that word-level alignments between two languages are known.3 Let us first re-formulate
the ASR and ST targets as word sequences ȳ(s) = {ȳ(s)i }L̄

(s)

i=1 and ȳ(t) = {ȳ(t)j }L̄
(t)

j=1, where L̄(s)

and L̄(t) denote the number of source and target words. Note that we represent single words,
ȳ
(s)
i or ȳ(t)j , as a sequence of sub-word tokens. We can then define word-aligned ASR/ST target

sequences consisting of tuples of (ȳ(s)i , {ȳ(t)ik }
L̄
(t)
i

k=1), where each source word ȳ
(s)
i is aligned to L̄

(t)
i

target words in a one-to-many mapping. Note that some source or target tokens may actually be
un-aligned, so we must augment the respective vocabularies with special tokens [NO_SRC] or
[NO_TGT]. Next, consider that simply concatenating all i-steps of target word chunks produces
an out-of-order translation if there is any re-ordering between source and target languages (e.g., in
Figure 12.1.b), thereby obscuring the intended meaning.

To resolve this out-of-order problem in word-aligned ASR/ST sequences, we propose augment-

ing each tuple with L̄
(t)
i post-editing operations {ȳ(o)ik }

L̄
(t)
i

k=1, obtaining an operation tuple:

ai = (ȳ
(s)
i , {ȳ(t)ik , ȳ

(o)
ik }

L̄
(t)
i

k=1). (12.8)

These post-editing operations perform rule-based re-ordering of each aligned target word ȳ
(t)
ik by

inserting them into correct positions, recovering the original order of the target translation – we
discuss particular rule sets to realize this function in the next section.

We can now define an operation sequence A = {ai}Mi=1 and train an AED to predict A by
replacing Eq. equation 12.1 with:

L(OPS) = log p(A|X)

=
M⋆∑

i=1

log p(y⋆i |y⋆1:i−1, X), (12.9)

where y⋆i denotes elements of the collapsed representation of ai (i.e., words are collapsed into
their token sequences) and M⋆ denotes the length of our target sequence. Note that operation
sequences are modeled autoregressively by first predicting the source, then the target, and finally
the operation (Eq. equation 12.9). On the other hand, the direct E2E ST model trained to max-
imize Eq. equation 12.3 does not model any explicit relations between its parallel ASR and ST

3In this work, we use the statistical tool MGIZA++ (Gao and Vogel, 2008), which performs data-driven alignment
without needing additional linguistic resources.
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predictions. Further note that we only replace the function of the main decoder Eq. equation 12.6
in our operation sequence AED models, meaning we do not need to sacrifice benefits of ASR
multi-tasking (§12.2).

Defining Post-Editing Operations

We examine two ways to represent the insertion position information of post-editing operations:
the first uses absolute positions (e.g, Figure 12.1.c) and the second uses relative shifts (e.g., Fig-
ure 12.1.d).

Absolute Positional Operation Sequence (Abs-OP)

We define absolute positional sequences (Abs-OP) with Backus-Naur form as:

< A > ::= < A >< ai
∗ >[EOS] | < a1

∗ >[EOS]
< ai

∗ > ::= < ȳ
(s)
i >[BL]< T >

< T > ::= < T >< ȳ
(t)
ik >< ȳ

(o)
ik > | < ȳ

(t)
i1 >< ȳ

(o)
i1 >

< ȳ
(s)
i > ::= ȳ

(s)
i | [NO_SRC]

< ȳ
(t)
ik > ::= ȳ

(t)
ik | [NO_TGT]

< ȳ
(o)
ik > := [n] | [−1],

where ::= and | denote definition and choice, respectively; [BL] and [EOS] denote the blank sym-
bol for separating source and target words and the end of the sequence, respectively; ȳ

(s)
i , ȳ(t)ik

denotes i-th source word in the transcription and k-th target word which corresponds to ȳ
(s)
i ; and

[n] (where n ∈ N) denotes the position of ȳ(t)ik in the translation. We set n as −1 when ȳ
(t)
ik is

[NO_TGT].
To restore the transcription and translations, we prepare sufficient-length buffers for the source

transcription S and the target translation T . Note that all elements of the S and T are initialized
with [NO_SRC] or [NO_TGT]. During run-time, our model outputs the Abs-OP tokens, and these
tokens are inserted into FIFO queue Q. When the model outputs the post-editing command token
< ȳ

(o)
ki >, we obtain sequences of < ȳ

(s)
i >[BL]< ȳ

(t)
i >< ȳ

(o)
ki > or < ȳ

(t)
i >< ȳ

(o)
ki > by

dequeuing Q. Then the i-th element of S is rewritten with ȳ
(s)
i when the dequeued sequence

includes source word. And the < ȳ
(o)
ki >-th element of T is rewritten with < ȳ

(t)
ki >. If < ȳ

(o)
ki >

indicates −1, we skip this step. This step is repeated until the end of the sequence, and we obtain
the source transcription and the target translations from S and T .

Relative Shift Operation Sequences (Rel-OP)

(Stahlberg et al., 2018) originally proposed an explainable MT model which models insertions
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Figure 12.2: Restoring transcription and translation from the relative shift operation sequence.
[EOP] operations are omitted for space. * denotes a marker and positions of the write-heads are
highlighted.

using a moving write header – we adapt this approach for simultaneous ASR/ST. In (Stahlberg
et al., 2018), the operation sequence is defined as the stack operations of the read-head p

(s)
r for the

transcription S and the write-head p
(t)
w for translation T using following operations:

POP_SRC moves p(s)r right by one token
SET_MARKER (SM) inserts a marker symbol into T at p(t)w

JMP_FWD (JF) moves p(t)w to the closest left maker position
JMP_BWD (JB) moves p(t)w to the closest right maker position
INSERT(t) inserts a target token t into T at the position p

(t)
w

Since we do not know the transcription in advance, we remove p
(s)
r and POP_SRC. Instead, we

define write-head p
(s)
w for transcription S. We also revise INSERT into as follows:

INSERT-t(t) inserts a target token t into T at p(t)w

INSERT-s(s) inserts a source token s into S at p(s)w and moves p(s)w right by one token

Our relative shift operation sequences (Rel-OP) are obtained in the same manner as (Stahlberg
et al., 2018) and are defined with Backus-Naur form as:

< A > ::= < A >< ai
∗ >[EOS] | < a1

∗ >[EOS]
< ai

∗ > ::= < ȳ
(s)
i >< T >[EOP]

< T > ::= < T >< ȳ
(o)
ik >< ȳ

(t)
ik > | < ȳ

(o)
11 >< ȳ

(t)
11 >
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Table 12.1: Comparison of simultaneous E2E ASR/ST models using absolute position vs. relative
shift operation sequences across offline and streaming settings. Better results between these two
methods are bolded and any simultaneous results which reach/surpass the topline results of single-
task E2E models are further underlined. ASR and ST performances, as measured by % WER and
BLEU, are shown on tst-COMMON / tst-HE of MuST-C English→German and English→French
(Di Gangi et al., 2019). Average Lagging (AL) (Ma et al., 2020a) is shown for streaming models.

EN→DE EN→FR

ID Model Type # Params WER(↓) BLEU(↑) AL(↓) WER(↓) BLEU(↑) AL(↓)
A1 Direct E2E ASR (Watanabe et al., 2018) (Topline) Offline 45M 7.7 / 6.7 no ST n/a 9.9 / 8.1 no ST na
A2 Direct E2E ST (Inaguma et al., 2020) (Topline) Offline 63M no ASR 24.8 / 22.9 n/a no ASR 35.9 / 32.9 n/a

A3 Direct E2E ASR (Watanabe et al., 2018) (Topline) Streaming 45M 12.0 / 9.9 no ST 3365 17.9 / 14.2 no ST 3279
A4 Direct E2E ST (Inaguma et al., 2020) (Topline) Streaming 63M no ASR 22.2 / 20.1 5750 no ASR 32.1 / 29.5 5648

B1 Simul. E2E ASR/ST w/ Absolute Position (Abs-OP) Offline 63M 12.1 / 12.0 20.4 / 17.9 n/a 14.8 / 16.2 28.7 / 26.0 n/a
B2 Simul. E2E ASR/ST w/ Relative Shift (Rel-OP) Offline 63M 10.1 / 9.9 25.2 / 22.1 n/a 12.5 / 11.3 35.8 / 32.9 n/a

B3 Simul. E2E ASR/ST w/ Absolute Position (Abs-OP) Streaming 63M 18.7 / 17.2 18.4 / 16.5 5795 25.3 / 23.4 28.7 / 24.5 5684
B4 Simul. E2E ASR/ST w/ Relative Shift (Rel-OP) Streaming 63M 16.1 / 14.9 23.1 / 20.1 5786 19.3 / 16.9 32.1 / 29.6 5770

< ȳ
(s)
i > ::= ȳ

(s)
i | [NO_SRC]

< ȳ
(t)
ik > ::= ȳ

(t)
ik | [NO_TGT]

< ȳ
(o)
ik > ::= < ȳ

(o)
ik >< ȳ

(o)
ikj > | < ȳ

(o)
ikj >

< ȳ
(o)
ikj > ::= [JF] | [JB] | [SM] | [NO_OPS],

where [EOP] and [NO_OPS] denote the end of sequence for < ȳ
(s)
i > and no operation is required

for < ȳ
(t)
ik >, respectively.

Similar to Abs-OP, Rel-OP is inserted into the FIFO queue Q during run-time. When the
model outputs [EOP], we obtain < a∗i > by dequeuing Q. Then, we can update S and T based on
the operations. This operation is repeated until the end of the sequence, resulting in transcription
and translations from S and T by removing the marker symbols. Figure 12.2 depicts how the
transcriptions and translations are restored from the proposed Rel-OP.

12.4 Results

Experimental setup

Data: We conduct experiments using the English-German and English-French pairs of the MuST-
C corpus (Di Gangi et al., 2019). We apply the tokenizer of the Moses toolkit (Koehn et al., 2007a)
for training sentences. Then we remove the samples whose length ratio between the source and
target sequences is greater than five or the target sequence length is longer than 150 tokens. To
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compute the word alignment, we use MGIZA++ (Gao and Vogel, 2008). For training MGIZA++
model, we set the number of iterations to 5 for HMM, Model 1, Model2, Model 3, and 10 for
Model 4; and we use the deficient distortion model for the empty word to reduce the mapping of
the target word into [NO_SRC].
Models: Models are trained using ESPnet (Watanabe et al., 2018; Inaguma et al., 2020). We use
4000-vocabulary and 16000-vocabulary BPE (Sennrich et al., 2016) units for source transcription
and target operation sequence. We also use 16000-vocabulary BPE units for direct E2E toplines
for a fair comparison. ASR and ST models both use conformer encoders (Gulati et al., 2020; Guo
et al., 2021) with 12 blocks, 4 heads, 31 kernel size, 2048 feed-forward dim, and 256 attention
dim. We initialize the ST encoder with pre-trained ASR parameters for faster convergence. ASR
and ST attentional decoders consist of 6 blocks, 4 heads, and 2048 feed-forward dim. Streaming
models follow the blockwise method in (Tsunoo et al., 2021) with 40 block size, 16 hop size, and
16 look-ahead. All models are trained for 40 epochs and decoded using 10 beam and 2048 sim
chunk length for streaming with repeat detection (Tsunoo et al., 2021).
Evaluation: We evaluate ASR via word error rate (WER↓) and ST via de-tokenized case-insensitive
BLEU(↑) (Post, 2018). We evaluate streaming latency via Average Lagging (AL↓) (Ma et al.,
2020a); for separate ASR/ST baselines, we consider the latency of both tasks together.

Results and Discussion

Table 12.1 presents our main results on two language pairs across offline and streaming settings.
We showed the performance of the direct E2E ASR/ST models to confirm our model output’s
validity. We found that Rel-OP model produces better translations than Abs-OP model for both
offline (B1 vs. B2) and streaming models (B3 vs. B4). The absolute positions appear to in-
hibit generalization, and we found that these models skewed towards overly short hypotheses even
when brevity penalty was applied during beam search. On the other hand, the relative position in-
formation from the Rel-OP appears to avoid these pitfalls. Our Rel-OP model achieve comparable
performance compared to topline E2E ST models which solely optimize toward translation qual-
ity in the offline setting (A2 vs. B2). Impressively, in the streaming setting, Rel-OP model even
surpass the performance of dedicated toplines without additional latency (A4 vs. B4), suggesting
that the ability to delay re-ordering is particularly useful for streaming ST. This improvement is
particularly noticeable in the English-German tst-COMMON set, where Rel-OP model yields 0.9
BLEU gain; we found that this particular set required the most re-ordering between source and
target languages.

Since our ST models are also simultaneously predicting ASR predictions, we examine the
ASR quality compared to topline models solely focusing on ASR. In Table 12.1, it is clear that
the burden of producing explainable ST predictions hinders our operation sequence models from
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Figure 12.3: Comparison of partially generated ST hypotheses during streaming between relative
shift operation sequence models vs. direct ST toplines, measured by absolute BLEU difference on
dev sets.

matching the topline ASR models – our models must not only transcribe, but also do so in a
way that explains the translations. We also noted that decoding longer translations caused the
simultaneous transcriptions to degrade in WER; we do not seek to optimize the ASR side of this
trade-off in this work. Nonetheless, the simultaneous transcriptions are reasonable outputs which
enable word-level explainability. Further, these transcriptions have no additional latency, so our
simultaneous ASR/ST models are faster than two separate dedicated models performing both tasks.

Finally, we are interested in the re-ordering capability of our operational sequence methods dur-
ing streaming, where systems need to generate translations while still reading the speech signal.
We can apply operation sequences on-the-fly instead of during post-editing. This allows our sys-
tems to produce target words according to the order that they are spoken (monotonically) instead
of waiting until all of the preceding target words have been produced (as in direct E2E systems).
As shown in Figure 12.3, our Rel-OP models consistently generate better partial hypotheses dur-
ing streaming than topline direct models. For instance in the English-French case, this advantage
is most apparent for very early hypotheses and the gap between the models closes as hypotheses
reach their full lengths.
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12.5 Conclusion

We propose to build E2E models which simultaneously perform ASR and ST by replacing targets
with operation sequences which describe word-level alignments and post-editing commands for re-
ordering target language words which were produced out-of-order. Our models using relative shift
operation sequences achieve explainability without sacrificing translation quality or achievement.
Further, these models actually outperformed direct E2E ST toplines in streaming settings due to an
improved word re-ordering ability.

We’ve now demonstrated static (Chapter 9) and dynamic (Chapter 10) displays for stream-
ing speech translation using sequential, temporal multi-sequence approaches to build models from
scratch. Next we consider how to enable these types of behaviors in foundation models via adap-
tations.
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Chapter 13

Thesis Conclusion

In this thesis, we examined the limitations of the single-sequence paradigm for speech recognition
in multilingual settings. While this formulation has driven substantial progress, it fails to capture
the ambiguity and variability that arise in real-world speech, particularly under accent variation
and code-switching, and fails to support the low-latency required by streaming speech translation
applications.

13.1 Summary of Key Contributions

This thesis introduced a multi-sequence perspective for speech recognition and translation in mul-
tilingual settings, spanning parallel and sequential formulations under both non-temporal and tem-
poral constraints. The key contributions are summarized as follows.

Multilingual Speech Recognition in the Wild (Parallel, Non-Temporal):

• Identified the limitations of single-sequence modeling as systems scale from tens to hundreds of
languages, particularly due to error propagation from language misidentification.

• Proposed Multilingual N-best Re-ranking, an inference-time adaptation that leverages multiple
candidate hypotheses to improve robustness in massively multilingual ASR.

Code-Switched Speech Recognition (Parallel, Temporal):

• Systematically evaluated architectures for bilingual and code-switched ASR, highlighting limita-
tions of monolithic modeling approaches.

• Proposed Align-then-Stitch, a framework for composing language-specific predictions into a uni-
fied transcription.
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• Introduced CS-FLEURS and CS-YODAS, datasets that enable evaluation of code-switching at
both controlled and web-scale, in-the-wild settings.

• Scaled code-switched ASR to the massively multilingual regime through the CS-Anything project,
extending Align-then-Stitch to support code-switching across 100 languages.

Offline Speech Translation (Sequential, Non-Temporal):

• Evaluated architectures for multilingual and low-resource speech translation, including dialectal
settings.

• Proposed Multi-Decoder, an end-to-end differentiable cascade that integrates speech recognition
and machine translation within a unified framework.

• Submitted the first place system to the IWSLT 2022 Dialectal Speech Translation Shared Task for
Tunisian Arabic to English speech-to-text translation

Streaming Speech Translation (Sequential, Temporal):

• Evaluated architectures for speech translation under real-time, low-latency constraints.

• Proposed Hierarchical CTC and Post-edit Operations to improve streaming performance.

• Submitted the first place system to the IWSLT 2023 Simulateneous Speech Translation Shared
Task for English to German speech-to-speech translation

13.2 Future Directions

This thesis focused on improving systems in two general areas: we wanted systems to support
more language variety and we wanted systems to perform with super low latency. The broader
impact of this line of thinking is building systems which support language in motion.

Language is dynamic and fluid, as it is used by populations of people who are themselves in
motion. Motion can happen gradually over time within communities, taking place as new words
are invented or borrowed. Motion can also be quick interactions between individuals, taking place
as random conversations between strangers who speak different languages.

The current generation of speech systems can be deployed, as we have shown, to support
instances of language in motion such as regional code-switching and speech-to-speech translation.
In future work, there are two major opportunities to expand the frontier of our systems:
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• New Code-Switching: Code-switching is constantly evolving, driven by interactions across cul-
tural, societal, and interpersonal contexts. As these dynamics shift, so do the patterns of code-
switching. This raises a key challenge: how well can current systems handle out-of-distribution
code-switching, and how quickly and effectively can they adapt to newly emerging or borrowed
terms? For instance, English machine learning terminology has risen in global popularity in re-
cent years. Are we able to recognize a Hindi speaker using those code-switched or borrowed
terms even if that never occurred in our training data? These ideas are a bridge towards the re-
lated field of contextual biasing, but in code-switching the presence of multiple languages opens
up a number of challenges such as accent variations and cross-lingual confusions.

• World Translation: Real-time, face-to-face, speech-to-speech translation systems work and are
already in practical use, but they are still limited. Current speech translation systems are designed
to translate a single speaker and can do so in the presence of noise and other background speakers.
But what if you wanted to translate beyond a single speaker? Let’s say you are a foreign exchange
student and you walked into an auditorium of people in various research conversations – could you
walk around and understand what everyone is talking about? Ultimately, this would mean running
speech translation in an ambient mode and doing so with low latency would be exceptionally
challenging given the increased complexity of the system; however, if successful this line of work
would go a long way towards enabling seamless global communication.

177



Bibliography

Oliver Adams, Matthew Wiesner, Shinji Watanabe, and David Yarowsky. 2019. Massively multi-
lingual adversarial speech recognition. In Proc. NAACL-HLT.

Milind Agarwal, Sweta Agrawal, Antonios Anastasopoulos, Ondřej Bojar, Claudia Borg, Ma-
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